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Abstract

Research in Automated Lip Reading is an incredibly rich discipline with so many facets that
have been the subject of investigation including audio-visual data, feature extraction, classi-
fication networks and classification schemas. The most advanced and up-to-date lip-reading
systems can predict entire sentences with thousands of different words and the majority of them
use ASCII characters as the classification schema. The classification performance of such sys-
tems however has been insufficient and the need to cover an ever expanding range of vocabulary

using as few classes as possible is challenge.

The work in this thesis contributes to the area concerning classification schemas by proposing
an automated lip reading model that predicts sentences using visemes as a classification schema.
This is an alternative schema to using ASCII characters, which is the conventional class system
used to predict sentences. This thesis provides a review of the current trends in deep learning-
based automated lip reading and analyses a gap in the research endeavours of automated
lip-reading by contributing towards work done in the region of classification schema. A whole
new line of research is opened up whereby an alternative way to do lip-reading is explored and
in doing so, lip-reading performance results for predicting sentences from a benchmark dataset

are attained which improve upon the current state-of-the-art.

In this thesis, a neural network-based lip reading system is proposed. The system is lexicon-free
and uses purely visual cues. With only a limited number of visemes as classes to recognise, the
system is designed to lip read sentences covering a wide range of vocabulary and to recognise
words that may not be included in system training. The lip-reading system predicts sentences
as a two-stage procedure with visemes being recognised as the first stage and words being
classified as the second stage. This is such that the second-stage has to both overcome the one-
to-many mapping problem posed in lip-reading where one set of visemes can map to several

words, and the problem of visemes being confused or misclassified to begin with.

To develop the proposed lip-reading system, a number of tasks have been performed in this
thesis. These include the classification of continuous sequences of visemes; and the proposal
of viseme-to-word conversion models that are both effective in their conversion performance of
predicting words, and robust to the possibility of viseme confusion or misclassification. The

initial system reported has been testified on the challenging BBC Lip Reading Sentences 2



(LRS2) benchmark dataset attaining a word accuracy rate of 64.6%. Compared with the
state-of-the-art works in lip reading sentences reported at the time, the system had achieved a

significantly improved performance.

The lip reading system is further improved upon by using a language model that has been
demonstrated to be effective at discriminating between homopheme words and being robust to
incorrectly classified visemes. An improved performance in predicting spoken sentences from
the LRS2 dataset is yielded with an attained word accuracy rate of 79.6% which is still better
than another lip-reading system trained and evaluated on the the same dataset that attained a
word accuracy rate 77.4% and it is to the best of our knowledge the next best observed result

attained on LRS2.
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Chapter 1

Introduction

1.1 Research Motivation, Aims and Objectives

Visual Speech Recognition, or Lip Reading, plays an important role in human communication -
especially in noisy environments where audio speech recognition may be difficult. It is extremely
useful for people whose hearing is impaired, for those who are autistic and for those suffering
from language impairment - especially given that many people with hearing problems are unable

to sign [1].

For almost forty years, people have implemented many approaches to automate the task of
lip reading using machine learning and the potential areas [2] [3] [4] that would benefit from
automated lip reading software is numerous. Automated lip reading would be beneficial for the
police if ever they needed to decipher CCTV footage of people speaking when there is no audio
available [5]. There is an entire branch of forensic speech reading devoted to the purposes of
gathering forensic evidence where professional lip readers are employed to interpret inaudible
speech [6] [7]. Other beneficiaries of automated lip reading include autistic people with reduced
lip-reading abilities, as well as people with conditions like Williams Syndrome [8] or Specific

Language Impairment [9].

Sumby and Pollack [10] proposed the basic theory of lip-reading in 1954 where it was first

1



2 Chapter 1. Introduction

suggested that the features of lip motion could be used to identify a speaker’s speech content.
One of the first automated speech recognition systems to be constructed was by Petajan in
1984 who used a geometric feature based extraction method [11] with height, width, area
and perimeter of a speaking person’s mouth all being extracted. These visual features were

combined with audio features that had been extracted from audio to classify speech.

Significant breakthroughs in the performance of automated lip reading systems have been made
in the last fourteen years thanks to developments of deep neural networks and the emergence
of large-scale databases covering vocabularies with thousands of different word. Lip-reading
systems have evolved from recognising isolated speech units in the form of digits and letters to

decoding entire sentences.

In 2011, deep learning-based feature extraction was introduced into visual speech recognition
for the first time as Ngiam et al. [12] proposed an audio-visual speech recognition system based
on Restricted Boltzmann Machines(RBMs) [13]. In 2014, Noda et al. [14] used Convolutional
Neural Networks(CNNs) as a feature extraction method for the lip-reading of people speaking
in videos that had been sampled into image frames. The experimental results indicated that
the visual features obtained through the use of a CNN were significantly better than traditional
methods like Principal Component Analysis. In 2016, Wand et al. |[15] used a Long Short-Term
Memory(LSTM) for lip-reading and a word recognition rate of 79.6% was achieved on the
GRID audio-visual corpus. In 2017, Assael et al. [16] proposed the LipNet model consisting
of a spatial-temporal convolution network and Recurrent Neural Network(RNN) with a CTC
used as the network loss function. Also in 2017 [17], Chung et al, proposed the WLAS network
which is composed of a CNN and RNNs and word error rates of 50.2%, 23.8% and 3.0% were
obtained on the BBC-LRS2, BBC-LRW and GRID databases.

Lip-reading systems typically follow a framework where there is a frontend for feature extrac-
tion, a backend for classification and some pre-processing at the start. Stages of automated

lip-reading are outlined in Figure [L.1] and include the following steps:

e Visual Input - Videos of people speaking are sampled into image frames representing

speech to be decoded.
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o Pre-processing - This is where the region of interest (ROI), i.e., the lips are located and
extracted from the raw image data. This involves detecting the face, locating the lips and
extracting the lip region from the video image. Some basic transformations are applied to
the ROI such as cropping to reduce the number of overall operations needed for training

and validation.

« Feature Extraction (Frontend) - This involves extracting effective and relevant features
from redundant features and the mapping of high dimensional image data into a lower

dimensional representation.

« Classification (Backend) - This involves ascribing speech to facial movements that have

been transformed into a lower dimensional feature vector.

e Decoded Speech - Speech is decoded in classes or units and eventually encoded as spoken

words or sentences.

Visual . Feature D Decoded
| Pre-processing | . | Classification |
Input Extraction Speech

Figure 1.1: General framework for automated lip-reading.

When it comes to the decoding of speech in automated lip reading, the lip movements can be
interpreted in different ways and so different classification schemas have been introduced into
the domain. Figure|l.2]illustrates the various interpretations of lip movements and classification

schemas used for lip-reading.

Lip-reading systems that are designed to decode digits and letters have used individual words
as classes and there are lip reading systems designed to decode a limited number of phrases that
have encoded each phrase as a class. The emergence of large-scale audio-visual datasets covering
thousands of words has meant that some of the recent state-of-the-art lip-reading systems can
decode speech from people uttering thousands of different possible words. To do this, such
system use individual ASCII characters as classes where words are predicted by learning the
conditional probability relationship between characters as encoding every individual word as a

class would be impractical.
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Visemes
Z AN

Phonemes

=
A Byte-Pairs

Lip N Decoded ASCII

—>
Movements in characters

N Sub-Words
N

Words
Y

Encoded
in

—| Sentences

X\¢/f

Sentences’

t Some lip-reading systems only decode a limited number of phrases

Figure 1.2: Different classification schemas.

The subject of this thesis is about the use of visemes as a classification schema in automated lip
reading whereby a neural network-based lip reading system has been constructed that decodes
videos of people speaking entire sentences by predicting the spoken visemes. The proposed lip-
reading system must be able to decode natural sentences from a benchmark dataset covering
a vocabulary range with thousands of words and that features both profile and frontal videos.
The proposed lip-reading system must attain a good accuracy not only for the classification of
individual visemes but for also for the correct prediction of words. The prediction of words is

a bottleneck in itself that needs to be overcome because many words share identical visemes.

Using visemes for lip reading sentences has some unique advantages. The use of visemes as
classes in comparison to the use of either words or ASCII characters as classes requires an
overall smaller number of classes which alleviates bottleneck in the computation. In addition,
using visemes does not require pre-trained lexicons, meaning that a viseme-based lip reading
system can be used to classify words that have not presented in the training phase, and they can

be generalised to different languages because many different languages share the same visemes.

On the other hand, there are some specific issues to be considered when designing a viseme-
based lip reading system for sentences. The general classification performance for individual

segmented visemes has been less satisfactory in comparison to the classification of words due to
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the fact that visemes tend to have a shorter duration than words. This results in there being less
temporal information available to distinguish between different classes, as well as there being
more visual ambiguity when it comes to class recognition [18]. One possible way to address this
problem is to significantly increase the training data available to enhance the system’s ability to
distinguish between classes, and this is why a high volume of training videos have been utilised.
Moreover, there is a direct conversion of recognised ASCII characters to possible words in a one-
to-one mapping relationship, whereas this one-to-one mapping relationship does not exist when
using visemes, because one set of visemes can map to multiple different sounds or phonemes.
This also means that once visemes have been classified, there is still the need to perform a
viseme-to-word conversion. This approach also helps to distinguish between homopheme words
or words that look the same when spoken but sound different [19], a phenomenon that exists

because of the one-to-many mapping relationship between visemes and phonemes.

One of the main reasons that visemes have not been widely deployed for use as classes in neural
network-based lip-reading systems is that there is no universally agreed upon convention for
defining visemes. Many practical techniques have been used to formally define visemes whether
it is by grouping lip movements together through the use of articulatory gestures, such as
lips closing together, jaw movement and teeth exposure; or by grouping together phonemes
that produce lip movements that are visually similar. However, attempts to map phonemes to
viseme across multiple speakers who have varying appearances of lips has resulted in different
phoneme-to-viseme mappings being generated and thus different viseme conventions having

been proposed [20] [21].

The biomechanics of lip-movements are complex and beyond the scope of this thesis but it
was Alexander Graham Bell [22] [23] who first hypothesised that multiple phonemes may be
visually identical on a given speaker. This was later verified and it gave rise to the concept
of a viseme [24] [23]. The visually apparent features of lip movements for visual speech are
controlled by the same articulatory organs that control audible speech i.e. the lips, teeth,
tongue, jaw, velum, larynx, and lungs [25]. However unlike audible speech, only the lips, teeth,

jaw and tongue are directly visible for lip-reading.
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The English language consists of phonemes that are non-existent in other languages and one can
likewise find phonemes in other languages that are not present in English. However, phonemes
that are present in English will often share identical lip movements and thus map to the same
visemes so it is possible to deploy a viseme convention that can be used across many different
languages whereby every possible acoustic sound will correspond to viseme belonging to a fixed

set of visemes [26].

1.2 Research Questions

Lip reading systems have evolved from recognising small isolated speech segments to predict-
ing entire sentences that consists of thousands of different words. This means that a system
designed to predict words from a vocabulary set will need to have been trained to predict those
specific words during the training phase. Lip reading systems are generally confined to a fixed-
lexicon of vocabulary. Whilst lip-reading systems have recorded good results for individual
word classification, the endeavour to attain good performances for decoding entire sentences

has been more of a challenge.

Lip reading systems that classify individual words can simply encode each individual word as
class. This would however be impractical to implement when predicting entire sentences as
every possible word would need to be encoded as a class and some of the most up-to-date lip

reading datasets consist of vocabularies covering thousands of different words.

One possible classification scheme that is often used for systems to decode sentences is ASCII
characters. Words and sentences can be treated as sequences of ASCII characters and lip-
reading systems that predict words as a series of ASCII characters are reliant on learning the
conditional probability relationship that exists between combinations of ASCII characters. Even
the use of ASCII characters to predict words itself does rely on the system having been trained
on a set of vocabulary to decode words from that vocabulary set. This is because ASCII-based
lip-reading systems predict words as sequences of ASCII characters, so it is necessary for the

sequence to have been observed during training for it to be detected during validation.
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The issue of possible classification schemas to be used in lip-reading is one that topic that
does deserve more attention. Visemes are one of many alternative classification schemas that
can be used for automated lip-reading and there does not appear to be many previous works
devoted to examining the application of visemes as classes in lip-reading despite there being

many advantages to the use of visemes(discussed in Section |1.1)).

The use of visemes to predict sentences does come with a bottleneck in that because of the
one-to-many mapping relationship between visemes and phonemes, one set of visemes can
correspond to multiple words and Figure 7?7 shows a distribution of visemes and phonemes for
the LRS2 corpus illustrating the ambiguity where several sounds all look the same. So when
visemes have been classified, there is still the need to determine the words that were spoken
and because roughly half of words share identical visemes [27], a language model is needed to

disambiguate between homopheme words.

For written speech, it may be sufficient in some languages to decode the identity of a character
by simply knowing the identity of the character before like when performing Optical Character
Recognition for Arabic characters whereby the appearance of a character is governed only by
the identity of a character before it, though this is not the case for spoken speech. This is why

language models need as much context as possible.

To accurately predict spoken words from visemes, a language model is required that is both:
1. Effective at disambiguating between homopheme words

2. Robust to the possibility of misclassified visemes as an input

A lip-reading system that predicts entire spoken sentences using visemes as an intermediate
classification schema has many challenges. One of these hurdles is the fact that half of words
in the English language have are homopheme words and they share identical visemes to other
words [27]. This means that even with a 100% classification accuracy for visemes, the identities
of one half of words can in be known while the identity of the other half will still be uncertain

because of the one-to-many mapping relationship between visemes and words.

The disambiguation of homopheme words must be performed using context and probabilistic
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language models because when matching sets of visemes to words, it is expected that the most
likely set of words to have been uttered are the combination of words that make the most sense
grammatically and this is the output that would be expected for a lip-reading systems decoding
words using visemes. For example the words "time" and "type" share visemes and to determine
the most likely words to have been uttered, it is necessary to know the possible identity of
surrounding words as the word combination "for a brief time" has greater likelihood of being

spoken than "for a brief type".

Of course, the prediction of spoken words in real time by simply knowing which visemes were
spoken relies on visemes having been decoded with 100% precision. We can try to maximum
performance accuracy for viseme classification to achieve the ideal case as much as possible but
in reality, this is not always possible. A lip-reading system that predicts words by classifying

visemes has to be robust to the possibility of visemes not having been classified correctly.

A lip-reading system that classifies speech in two stages with visemes predicted in the first
stage and words in the second has to be prone to the possibility of errancy in the first stage.
Visemes being incorrectly decoded not only causes words matching to that set of visemes to
be predicted in correctly but can also cause successive words to be incorrectly predicted as
language models doing the viseme-to-word conversion often predict words in combination. One
word being predicted incorrectly can cause result in other successive words being predicted

incorrectly too.

In this thesis, the question of "can we attain a good accuracy for lip reading sentences using

solely visual cues?" is posed. There are many relevant points to address:

(Q1): What are the benefits of using visemes to lip-read compared with using other units of

speech and classification schemas?

(Q2): Can a good classification performance of individual visemes be attained such that follow-

ing conditions are fulfilled?

o Visemes are uttered from profile and frontal views
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o For a video sampled at 25 fps, individual visemes can be of different durations. This
also means that because the start time and stop time of every individual viseme is
unknown, the viseme classification model must be able to perform temporal align-

ment

o The viseme classifier must be somewhat robust to lighting variations present within

videos but it also must have good generalisation capabilities

(Q3): What are the different language models available used to predict words from images of
lip movements?
(Q4): Can a language model be implemented that is effective at converting visemes to correct

words? It must fulfil the following criteria:

o For words that have a unique set of visemes(approximately half of words in the

English language), the classification of these words must be sufficient

e The conversion model must be effective at disambiguating between homopheme

words(for example "able" and "epoch")

(Q5): Can a language model be implemented that is robust to misclassified visemes?

e The language model used for predicting spoken words given the recognised visemes
must be prone to the possibility of visemes not being classified correctly at the

current time step

o The words at any point in a sequence for a particular time step being predicted must
prone to the possibility of earlier words in the sequence not being predicted correctly

for previous time steps

(Q6): Can a good overall performance be attained for word classification when predicting sen-

tences from some of the most challenging audio-visual datasets without audio?
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Figure 1.3: Distribution of phonemes(inner circle) and visemes(outer circle) in the LRS2 corpus.

1.3 Contributions

The novel contributions of this thesis to the area of automated lip reading is a lip-reading

system that has been developed with unique features which include:

o The classification of sentences in continuous speech from videos of people speaking from
both profile and frontal viewpoints with good precision including individual word classi-

fication accuracy compared with state-of-the-art approaches

o A classification system based purely on visual cues that predicts sentences by classifying

individual visemes

« A system that does not require a pre-trained lexicon and can be applied to people speaking

in different languages

o The classification of visemes in continuous speech with good precision using a specially

designed transformer with a unique topology
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o It addresses the one-to-many problem in lip reading where visemes are converted to words
using a language model that is effective at disambiguating between homopheme words
by using perplexity and by learning semantic and syntactic information where words are

correctly predicted with good accuracy

o It uses a language model for converting visemes to words with a good level of robustness

to the possibility of incorrectly classified visemes

1.4 Publications

Below are a list of my publications:

o Peer-reviewed journals:

1. S. Fenghour, D. Chen, K. Guo, B. Li and P. Xiao. (2021). An Effective Conversion
of Visemes to Words for High-Performance Automatic Lipreading. Sensors, 21, 7890.
https://doi.org/10.3390/521237890

2. S. Fenghour, D. Chen, K. Guo, B. Li and P. Xiao. (2021). Deep Learning-Based
Automated Lip-Reading: A Survey," in IEEE Access, vol. 9, pp. 121184-121205,
doi: 10.1109/ACCESS.2021.3107946.

3. S. Fenghour, D. Chen, K. Guo and P. Xiao. (2020). Lip Reading Sentences Using
Deep Learning With Only Visual Cues," in IEEE Access, vol. 8, pp. 215516-215530,
doi: 10.1109/ACCESS.2020.3040906.

o Conference papers:

1. S. Fenghour, D. Chen, L. Hajderanj, I. Weheliye and P. Xiao. (2021). "A Novel Su-
pervised t-SNE Based Approach of Viseme Classification for Automated Lip Read-

ing," 2021 International Conference on Electrical, Computer and Energy Technolo-

gies (ICECET), 2021, pp. 1-7, doi: 10.1109/ICECET52533.2021.9698534.



12 Chapter 1. Introduction

2. S. Fenghour, D. Chen, and P. Xiao. (2019). Decoder-Encoder LSTM for Lip Read-
ing. In Proceedings of the 2019 8th International Conference on Software and Infor-
mation Engineering (ICSIE ’19). Association for Computing Machinery, New York,
NY, USA, 162-166. DOL:https://doi.org/10.1145/3328833.3328845.

3. S. Fenghour, D. Chen, and Perry Xiao. (2018). Contour mapping for speaker-
independent lip reading system. Proc. SPIE 11041, Eleventh International Confer-
ence on Machine Vision (ICMV), 1104114; https://doi.org/10.1117/12.2522936.

T The oral presentation for this paper won "Best Presentation Award" for the Computer Vision
and Deep Learning session at the 2019 International Conference on Software and Information

Engineering in Cairo.

1.5 Thesis Structure

Chapter [2, Technical Background gives an overview of background information pertaining to lip
reading and visual aspects of speech, definitions of the different nomenclature used in this thesis;
and all of the different components that make up automated lip-reading systems including the
audio-visual databases, feature extraction and classification networks. Some of the features
discussed are critical for proposed lip-reading system in that it must not only be effective at
extracting lip image features but must also be able to deal with visemes of different durations

and for the learning of temporal alignment in order to decoded sequences of visemes in real-time.

Chapter [3, Literature Review reviews many of the latest trends in the automated lip-reading
and the evolution of lip-reading systems over the last fourteen years based on the information
presented in Chapter[2l A gap in the literature review is identified in that alternative classifica-
tions schemas for predicting sentence to the use of ASCII characters is not something that has
widely been investigated and visemes are one of many possible classification schemas that could
be implemented in a lip-reading system. Also discussed is the importance of language model
in a speech recognition system for not only being able to distinguish between words that share

identical lip movements but in that it can enhance the performance accuracy of lip-reading
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systems using all kinds of classification schema. The final section explains the overall rational
behind the proposed lip-reading system and how it addresses the research questions of this

thesis.

Chapter [, Sentence Prediction using Visual Cues presents a neural network-based lip reading
system that is lexicon-free, uses solely visual cues and that uses visemes as a classification
schema. The overall system consists of two components: an attention-based transformer for
classifying visemes in continuous speech, and viseme-to-word converter that uses a pre-trained
language model to predict sentences using perplexity analysis of word combinations. The overall
architecture outperforms some the previous state-of-the-art approaches for decoding sentences
from the benchmark sentence-based dataset BBC-LRS2. The proposed lip-reading system also
addresses some of the criteria for one of research questions raised in Chapter (1] in that the
system decodes words with a unique set of visemes with near perfect precision but is also still

somewhat effective at discriminating between homopheme words.

Chapter[5], Viseme-to-Word Conversion with Robustness a presents modified approach to viseme-
to-word conversion that address the limitations of the approach in Chapter [ in that it is ro-
bustness to incorrectly classified visemes. It also addresses the limitations of the viseme-to-word
converter of Chapter [4] in that it uses few parameters and therefore has less overhead and uses
less time to train and execute. The viseme-to-word converter also yields improved performance
in predicting spoken sentences from the BBC LRS2 dataset when integrated in the lip reading

system presented in Chapter [4]

Chapter [6, Conclusion summarises and discusses the results and achievements of this thesis.
Also addressed are the limitations of this work with a discussion about further potential research

to be explored in automated lip reading that uses visual cues.



Chapter 2

Technical Background

This chapter gives an overview of the background information pertaining to lip reading and
visual aspects of speech; as well as the the different components of lip reading systems that
are pertinent to the lip-reading system proposed in this thesis. This includes the definitions
of phonemes and visemes, the definition of a language model, metrics used to evaluate speech
recognition performance in this thesis; and all of the various automated lip-reading systems
including the audio-visual databases, feature extraction, classification networks and classifica-
tion schemas. Several comparisons are given including a comparison of Convolutional Neural
Networks with other neural network architectures for feature extraction; a review on the ad-
vantages of Attention-Transformers and Temporal Convolutional Networks to Recurrent Neural

Networks for classification;

This Chapter is organized as follows: Section[2.1]is the chapter Introduction, followed by Section
[2.2] which gives definitions of visemes and phonemes along with an outline of the different viseme
conventions that exist, then in Section [2.3]a definition of language model is given, while Section
lists the different metrics used for evaluation the performance of lip-reading systems. The
rest of the Chapter includes Section [2.5| which lists the different audio-visual databases used to
train and test lip-reading systems for decoding at the character, word and sentence levels are
described; Section gives an overview of the different pre-processing aspects that make up

lip-reading systems, followed by a comparison of the different frontend network architectures

14
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used for feature extraction in Section[2.7]and a comparison of the different backend classification

systems in Section [2.§

2.1 Introduction

Most speech recognition relies on both audial and visual features and takes the form of what is
known as audio-visual speech recognition. When audio is either unavailable or corrupted due
to circumstances like background noise, this is when the most data that is available from the

presence of visual aids [28]must be extrapolated.

Lip reading is the decoding of speech by analysing the movement of lips or visual information
generated by the speaker moving their lips. Automated lip reading is also known as visual
speech recognition because the automation of lip reading is principally about trying to read a

person’s lip speech without the assistance of audio [29].

Speech data can be decomposed into sentences, words and characters. Sentences themselves are
made up of words while words are made up of characters and those characters will be in the form
of either phonemes (for audio speech), visemes (for visual speech) or ASCII characters (natural
language). Deep learning approaches to automated lip reading have focused on classifying

words and sentences but viseme and phoneme classification can be incorporated too.

2.2 Phonemes and Visemes

The term viseme is generally used in machine-based lip reading to a represent a distinct lip
shape that is required to generate a spoken character of the phoneme. The phoneme itself can
be represented by an acoustic signal, however, one viseme can generate multiple phonemes which
is why the mapping of visemes to phonemes represent a one-to-many relationship. According
to to Hazen [30], the English language consists of roughly 40 phonemes with around a dozen

distinct visemes.
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The one-to-many mapping relationship between visemes and phonemes is a situation that exists
not only for English speakers but is also present amongst people speaking other languages too.
In fact, some languages consist of more acoustic sounds than the English language and thus
contain more phonemes; meaning that there is an even greater one-to-mapping relationship
between visemes and phonemes and more ambiguity for lip-readers where different sounds

produce identical lip movements.

The English language has identical visemes and lip movements to other languages, but because
there are phonetic sounds in other languages that are not present in English and likewise some
phonetic sounds in English are not present in other languages, some other languages can contain
either fewer or more visemes. However common phonemes that exist between English and other

languages will map to identical visemes depending on the convention used.

Table 2.1: Phonemes and Visemes in other languages.

) Phoneme-to-Viseme
Language Phonemes | Visemes Ratio
Arabic 47 12 3.92
Catalan 39 16 2.44
Chinese(Madarin) 36 13 2.77
Danish 46 13 3.54
Dutch 40 13 3.08
English 47 13 3.62
French 36 13 2.77
German 48 13 3.69
Icelandic 50 14 3.57
Italian 32 13 2.46
Japanese 37 14 2.64
Korean 30 11 2.73
Norwegian 43 13 3.31
Polish 36 13 2.77
Portuguese 33 12 2.75
Romanian 31 13 2.38
Russian 45 14 3.21
Spanish 31 14 2.21
Swedish 43 16 2.69
Turkish 43 13 3.31
Welsh 49 13 3.77

Just like in English, there is no consensus on the precise number of visemes that exists in

other languages. Table [2.1] gives a list of the number of phonemes and visemes that exist in
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different languages and the number of visemes or phonemes listed is in accordance with Amazon
Polly , which is a cloud service that converts text into speech. Figure shows a bar plot

of the number of phonemes used by Amazon Polly for speech in different languages.

50 1 mmm Phonemes
[ Visemes
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w
o
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Language

Figure 2.1: Phonemes and Visemes for different languages

There is no official standard convention for defining precise phonemes and visemes or even the
number and different approaches (some of which are shown in Table to either phoneme
or visemes classification have used varying numbers of phonemes and visemes as part of their
conventions with different phoneme-to-viseme mappings. They all have consonant visemes,

vowel visemes and one silent viseme.

Visemes have multiple interpretations in lip-reading literature and there is no consensus on a

way to define them. Two practical techniques have been used to outline visemes:

e The grouping of lip movements through the use of articulatory gestures, such as lips

closing together, jaw movement and teeth exposure
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e The grouping of phonemes that have the same visual appearance

The second of the two mentioned techniques, has been the most widely used for the outlining
of visemes and this appears to the very reason why there are different conventions for defining
visemes. Different groupings of phonemes exist and there is disagreement in the decision for

choosing optimum phoneme-to-viseme mappings.

A lot of research has been carried out to compare and reconcile the rationale behind the
differences such as [20] and citeTheobald. Several reasons for why such discrepancies exist,
which include the difference in lip appearances across difference speakers which causes difficulty
in grouping phonemes when it has to be completed across more than one speaker. This is in
addition to the variation in lip-reading ability which varies across different individuals, and

those with more experience are better able to identify visemes.

Most attempts at grouping together phonemes will be data-driven whereby phonemes are clus-
tered together using statistical models. The criteria for grouping together phonemes adds an-
other layer of discrepancy because the grouping methodologies vary between different research

groups e.g. different thresholds are used.

Lee’s convention appears to be the most favoured for speech classification and it is the conven-
tion that Amazon Polly themselves use [26]. In one HMM-based word classification study [31]
which compares different conventions including the 5 listed in Table [2.2] Lee’s convention
achieves the greatest accuracy for word recognition suggesting that both the best class defini-
tions and mappings are used. Images of lip movements corresponding to Lee’s viseme convention
are given in Figure 2.2] with a breakdown of the phoneme-to viseme mappings shown in Table
2.2l

Figure [2.4] gives examples of words decomposed into visemes and by analysing the distinct
visemes that make up those words, they can be grouped into clusters - each representing a
distinct sequence of visemes. The words "red" and "white" fall into different clusters because
they have different viseme combinations however, the words "red" and "wrath" are homopheme
words, that both fall into the same cluster because they have equivalent combinations of visemes

according to Table 2.3
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Table 2.3: Lee and Yook’s viseme convention with vowels and consonants [35]

Table 2.2: Different phoneme and viseme conventions used.

. Total Consonant Vowel
Convention | Phonemes . . .
Visemes Visemes Visemes

Jeffers [32] 44 12 7 4

Neti [33] 43 13 8 4

Hazen [30] 53 15 9 5

Bozkurt [34] 46 16 8 7

Lee [35] 40 14 6 7

Viseme Class | Viseme Type | Phonemes Set
p consonant b, p, m
t consonant d, t, s, z, th, dh
k consonant g, k, n, ng, 1, y, hh
ch consonant jh, ch, sh, zh
f consonant f, v
w consonant r, w
iy vowel iy, ih
ey vowel eh, ey, ae
aa vowel aa, aw, ay, ah
ah vowel ah
ao vowel ao, Oy, OW
uh vowel uh, uw
er vowel er
S silent character sil
p f t ty eh a6 gh
. -. h”d k-'J l. LQ. -
[pkbm] ¥l |hLdszlhdh] | iy | | eh, ag | | &a| | gh|
W ch k
- er a0 uh g
' ﬂ 4 -— - - —_—
[wrl  [chihshah| [kan), - d | - d
nghhy | | er] E [uh,uw| | pau,#|

Figure 2.2: Six consonant visemes on the left and 7 vowel visemes plus silent viseme on the

right. [35]
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AA AH
AX AY
AO ow
oY CH
JH SH
ZH \ ER
AE _| [ Aw
EH | __EY
F — = V
IH | Y
EL | EN
G—_ | HH
K L
N — — — NG
Y | T \ B

N
M p
S T
TH Visemes 7
UH uw
R W
Phonemes Phonemes

Figure 2.3: One-to-many mapping between visemes and phonemes

Word Decoded Viseme Decoded
"Blue" :p, :k, :uh
"White" w, :ah, it
"Red" W, ey, ot
"Wrath W, ey, :t

Figure 2.4: Examples of word decomposed into visemes showing the sequence of lip movements

that are witnessed when uttered.
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2.3 Language models

A language model is a probability distribution over sequences of words and it can be measured

on the basis of the entropy of its output from the field of information theory [36].

Definition: A language model consists of a finite set of all possible words in the language V,
a set of possible sentences V1 that could be composed with words from vocabulary V which is
infinite because sentences can be of any length; and a probability distribution p(wy, ws, ..., wy,)

over sentences in V1 where w;eV such that [37]:

1. For any (wy,ws, ..., w,)eVT, p(wi, wy, ..., w,) >0

2. In addition, Eq. is satisfied.

Z p(wy, we, ..., wy,) =1 (2.1)

(w1,w32,...,wn )eVT

A language model provides context to distinguish between words and phrases that look similar
when spoken; for example, the phrases "recognize speech" and "wreck a nice beach" both look
the similar with identical lip movements when spoken. The context of a word in a language
model can be deduced by its surrounding words and according to the linguist J. R. Firth: "you

shall know a word by the company it keeps" [38].

2.4 Metrics for Performance Evaluation

The measures that have been used to evaluate the lip reading sentence system are edit distance-
based metrics [39]. Edit distance is defined as the minimum number of character-level operations
required to correct a decoded sentence to the ground truth and edit distance-based metrics are
computed by calculating the normalized edit distance between the ground truth and a predicted

sentence. Metrics reported in this thesis include VER, CER, WER and SAR.

Error rate metrics used for evaluating accuracy are given by calculating the overall edit distance.

In determining misclassifications, one has to compare the decoded speech to the actual speech.
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The equation for calculating Error Rate (ER) is given in Eq. with N being the total
number of characters in the ground truth, S being the number of characters substituted for
wrong classifications, I being the number of characters inserted for those not picked up and D
being the number of deletions being made for decoded characters that should not be present.
CER, WER and VER are all calculated this way with the expressions given in Eqs. 2.3} 2.4]

and where C', W and V correspond to characters, words and visemes.

S+D+1
ER=21"-""% 2.2
R N (2.2)
cpp— S8 CptC (2.3)
Cy
wep— Vst Wo Wi (2.4)
Wy
Ve+Vp+V,
VER= /ST VDt Vi (2.5)
Vi

SAR is a binary metric as expressed in Eq. 2.6 where the value is 1 if the predicted sentence

Pp is equal to the ground truth Pp, otherwise it would take the value of 0:

1, Pp=Pp
SAR = (2.6)

0, Pp#Pr

Tables and give examples of how the character and word accuracies can be calculated.
If we take the first pair of phrases in Table [2.4] 3 character substitutions are required to modify
the phrase in Case 1 to make it identical to Case 2 whereby we would literally change "in 0" to
"at 1'". Meanwhile, "bin blue a x e again" requires a total of 6 changes including 1 substitution
and 5 deletions for "a x e" to be modified to "at s three" and "lay white at e zero please" requires
7 changes including 5 substitutions and 2 deletions for "white at" to be modified to become
'red in". Table shows how word error rates would be calculated where all of phrases listed

would involve direct word substitutions.
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Table 2.4: Character error rates calculations for different phrases.

Case 1 Case 2 S| D|I|N|CAR(%)
bin blue in o six now bin blue at 1 six now 3 0] 3 85.8
bin blue in x one soon bin blue at sonesoon |3 | 0 | 0| 3 86.4
bin blue a x e again bin blue at s three again | 1 | 0 [ 5| 6 76.0
lay white at e zero please | lay red in e zeroplease | 5| 2 |0 | 7 70.8

Table 2.5: Word error rates calculations for different phrases.

Case 1 Case 2 S|D|I|N|WAR(%)
bin blue in o six now bin blue at 1 six now 21010] 6 66.7
bin blue in x one soon bin blue at sonesoon | 2| 0 | 0| 6 66.7
bin blue a x e again bin blue at s three again | 3 | 0 | 0| 6 50.0
lay white at e zero please | lay red in e zero please | 2 | 0 | 0| 6 66.7

2.5 Datasets

As a data-driven process, the design and development of lip-reading systems has been inevitably
affected by available data. Ideally, the data should be vocabulary rich, with variations in pose
and illumination. Large data corpuses such as BBC-LRS2 [17], LRS3-TED [40], LSVSR [41]
have been compiled from hours of programmes that have been streamed on the BBC, TED-X
and YouTube. These corpuses consist of thousands of videos of people uttering sentences with
thousands of different words. These datasets also consist of people speaking at different angles

with varying levels of illumination.

Table lists some of the main audio-visual datasets that have been utilized for lip-reading
over the last thirty years. This is a table that has been put together as part of this research
to highlight how lip-reading corpuses have matured. The first lip-reading datasets to be con-
structed were designed for classifying isolated speech segments in the form of digits and letters,
with more recent datasets consisting of videos designed to classify longer segments in the form
of words. Moreover, the most up-to-date lip-reading datasets consist not only of longer speech
segments, but segments in continuous speech as opposed to isolated speech to better model

visual speech in real time.

A further development of lip-reading data corpuses in addition to the nature of speech segments

themselves is the ability to train lip-reading systems to classify speech from people speaking
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at various different angles(profile views), as opposed to frontally facing the cameras(frontal
views). Additionally datasets such as LRW [42], LRS2 and LRS3 have moved on to gathering
videos from multiple speakers as opposed to individual speakers, as one of the challenges facing
the success of automated lip-reading systems is the inability to generalize to different people -

especially unseen speakers who have not appeared in the training phase.

Other trends in the evolution of audio-visual corpuses include varying resolutions to accommo-
date for the fact that in real time, a person will often be speaking at varying distances from
a video camera. There have also been varying frame rates to accommodate for videos that
are sampled at different frequencies as well having to contend with the possibility of there not
being enough temporal information available due to the nature of videos having a low sampling
frequency. The majority of corpuses uses the English language due to English being the world’s

lingua franca, though there are datasets that utilize other languages.

Table 2.6: Available audio-visual datasets. I stands for Isolated (one speech segment per
recording) and C stands for Continuous recording.

Frame
Dataset Language | Year | I/C | Segment | Speakers | Classes | Utterances| Resolution rate Pose®
(fps)
AGH AV [43| Polish 2012 I Digits 20 10 N/A 1920x 1080 50 Frontal
AusTalk [44] English 2014 | I Digits 1000 10 24000 640x480 - Frontal
AusTalk [44] English 2014 I Words 1000 996 996000 640x480 - Frontal
AusTalk [44] English 2014 | I Sentences 1000 59 59000 640480 - Frontal
AV
English 2018 I Digits 53 10 795 1280x 780 30 0,45,90
Digits [45]
AV English 2018 | I Phrases 39 10 5850 1280780 30 0,45,90
Digits [45]
AVQCAR [45] | Spanish 2004 | I Alphabet 20 26 800 768576 25 Frontal
AVQCAR [46] | Spanish 2004 | I Digits 20 10 600 T768%x576 25 Frontal
AVQCAR [46] | Spanish 2004 | I Sentences 20 250 6000 768 %576 25 Frontal
AVAS [47] Arabic 2013 | I Digits 10 640480 30 -90,-45,0,45,90
AVAS [47] Arabic 2013 | I Words 50 24 13850 640480 30 -90,-45,0,45,90
AVAS [47] Arabic 2013 | I Phrases 13 640x480 30 -90,-45,0,45,90
AVICAR (43| English 2004 | C Alphabet 86 26 720%480 30 4 views
AVICAR [48| English 2005 (@] Digits 86 10 59000 720x480 30 4 views
AVICAR [48| English 2006 | I Sentences 86 20 720%x480 30 4 views
Continued on next page
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Table 2.6 — continued from previous page
Frame
Dataset Language | Year | I/C | Segment | Speakers | Classes | Utterances| Resolution | rate Pose®
(fps)
AVLetters 49| English 1998 | I Alphabet 10 26 780 376288 25 Frontal
AVLetters2 English 2008 | I Alphabet 5 29 910 19201080 50 Frontal
[50]
AVSD '51. Arabic 2019 | I Phrases 22 10 1100 1920% 1080 30 Frontal
AV-TIMIT English 2004 I Sentences 233 510 4660 720x480 30 Frontal
[30]
BANCA ﬂ52| Multiple 2003 | I Digits 208 10 29952 720x576 25 Frontal
BL d53h French 2011 | I Sentences 17 238 4046 640x480 30 0,90
CAVSR1.0 Chinese 2000 | I Words 20 78 3120 352x228 25 Frontal
@ﬂ
CENSREC-1- Japanese 2010 | C Digits 42 10 3234 720480 30 Frontal
AV [55]
CMU AVPFEV | English 2007 | I Words 10 150 15000 640x480 30 0,90
59)
CUAVE Ji?h English 2004 I Digits 36 10 7000 720x480 30 -90,0,90
DAVIDJ§—8[ English 1996 | I Words 123 640x480 30 Frontal
GRID '55{ English 2006 | I Phrases 34 34000 34000 720x576 25 Frontal
GRID- English 2018 | I Phrases 54 5400 5400 720x480(face) 24 0,90
Lombard @_ 864 x480(side)
HAVRUS ]gli Russian 2016 | I Sentences 20 1530 4000 640x460 200 Frontal
HIT-AVDB- Multiple 2008 | I Sentences 30 11 1980 720x576 25 0,30,60,90
11 [62]
IBM AV-ASR | English 2015 | I Sentences 262 10400 N/A 704 %480 30 Frontal
[63)
IBMIH d(ﬂ English 2004 Digits 79 10 16197 720480 30 Frontal
IBMSR ]&) English 2008 | C Digits 38 10 1661 368x240 30 -90,0,90
IBMViaVoice English 2000 | I Sentences 290 10500 24325 704 x480 30 Frontal
B3)
1v2 dﬁﬁL French 2008 | I Sentences 300 15 4500 780x576 25 0,90
LiLiR 67| English 2010 | I Sentences 12 200 2400 720x576 25 0,30,45,60,90
LRS2 |17 English 2017 I Sentences >1000 17428 118116 160x160 25 -30 ~30
LRS3 |40 English 2018 I Sentences >1000 70000 165000 224x224 25 -90 ~90
LRW '42 English 2016 | C Words >1000 500 400000 256 %256 25 -30 ~30
LRW-1000 '68h English 2018 | C Words >2000 1000 718018 Distributed 25 -90 ~90
LSVSR 41| English 2014 | 1 Sentences >1000 127055 2934899 128x128 23-30 -30 ~30
LTS5 d69 French 2011 | I Digits 20 10 180 1920x1080 25 0,30,60,90
M2VTS |70 English 1997 | C Digits 37 10 2920 286 %350 25 Frontal

Continued on next page
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Table 2.6 — continued from previous page
Frame
Dataset Language | Year | I/C | Segment | Speakers | Classes | Utterances| Resolution | rate Pose®
(fps)

MIRACL- English 2011 I Words 15 10 1500 640x480 15 Frontal
Ve [71)
MIRACL- English 2012 | I Phrases 15 10 1500 640x480 15 Frontal
VC [71)
MOBIO ﬂ72h English 2017 | I Sentences 150 N/A N/A 640x480 16 Frontal
MODALITY English 2015 | 1 Words 35 182 231 1920x 1080 100 Frontal
m
MV-LRS d74h English 2009 | I Sentences >1000 14960 74564 160x160 25 0~90
NDUTAVSC German 2010 | I Digits 66 10 6907 640x480 100 Frontal
m
NDUTAVSC German 2010 | I Words 6907 6907 640x480 100 Frontal
)
NDUTAVSC German 2010 | I Sentences 640x480 100 Frontal
[75)
OuluVs '76 English 2015 I Sentences 20 10 1000 T20x576 25 Frontal
OuluVS2 |77 English 2010 | C Digits 53 10 159 1920x 1080 30 0,30,45,60,90
OuluVS2 |77 English 2010 | I Phrases 53 10 1590 1920x 1080 30 0,30,45,60,90
OuluVS2 |77 English 2010 | I Sentences 53 540 2120 1920x 1080 30 0,30,45,60,90
QuLips |78 English 2015 I Digits 2 10 3600 720576 25 -90 ~90
RM-BOO(T[?Q. English 2015 | I Sentences 1 1000 3000 360 %640 60 Frontal
TCD- English 2011 I Sentences 20 62 5954 1920x 1080 30 0,30
TIMIT (80
TULIPS1 81h English 1995 | I Digits 12 4 96 100x75 30 Frontal
UNMC- English 2002 | I Sentences 123 12 2460 708 %640 29 0, 90
VIER (82
UWB-05- Czech 2005 | I Sentences 100 200 20000 720 x 576 25 Frontal
HSAVC (83|
UWB-07- Czech 2008 | I Sentences 50 7550 10000 720 x 576 <50 Frontal
ICAV (84]
VALIDE5‘ English 2005 | I Digits 106 10 590 576720 25 Frontal
VIDTIMIT English 2010 | I Sentences 34 346 430 512x 384 25 Frontal
(86
VLRF '87‘ Spanish 2017 | I Sentences 24 1374 10200 1280% 720 50 Frontal
WAPUSK20 English 1999 | I Sentences 20 52 2000 640x480 32 Frontal
(58]
XM2VTS dSQh English 1999 | C Digits 295 10 1064 720x576 25 Frontal
AV

English 2020 | C Digits 6 10 6000 1920x 1080 25 Frontal

Digits

Continued on next page
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Table 2.6 — continued from previous page

Frame
Dataset Language | Year | I/C | Segment | Speakers | Classes | Utterances| Resolution | rate Pose®
(fps)
NSTDB [90] Chinese 2020 | C Words N/A 349 N/A 64x64 25 -90 ~90

2.5.1 Letter and Digit Recognition

Because research in automated lip-reading started with simplest cases possible before gradually
evolving to be suited to lip-reading natural spoken language in real time, the first databases
that were available for lip-reading were designed for the task of recognizing English letters and

digits.

The AVLetters [49] dataset consists of 10 speakers (5 males and 5 females) uttering isolated
letters from A to Z. Each letter was repeated three times by the speaker, and videos were
recorded at a rate of 25 frames per second(fps) at an audio sampling rate of 22.5 kHz. A higher
definition edition of the AVLetters database named AVLetters2 [50] was later compiled; and it
includes 5 speakers uttering 26 isolated letters seven times with videos sampled at 50 fps, with

an audio sampling rate of 48 kHz.

The AVICAR [48]| dataset was recorded in a moving car with four cameras deployed on the
dashboard for recording videos. The dataset consists of 100 speakers (50 males and 50 females)
with 86 of them available for downloading. Each speaker was asked to first speak isolated digits
and then letters twice, followed by 20 phone numbers with 10 digits each. Videos have a visual

frame rate of 30 fps and an audio sampling rate of 16 kHz.

Tulips [81] which was released in 1995 is one of the oldest databases constructed for digit
recognition. It consists of 96 grayscale image sequences pertaining to 12 speakers (9 males and
3 females) each uttering the first four English digits twice. Videos were sampled at 30 fps with

resolution 100 x 75 pixels and the images contain only the mouth region of the speakers.
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The M2VTS database [70] contains videos of 37 people (25 men and 12 women) uttering
consecutive French numerals from 0-9, which were repeated five times by each person. The
XM2VTSDB database [89] is an extension of the M2VTS database, and was constructed by
getting 295 people to utter digits 0-9 in different orders. The VALID [85] database was designed
to test a lip-reading system’s robustness to light and noise conditions which is why the videos
contain illumination, background and noise variations. Altogether, it contains 530 videos with

106 speakers speaking in five different environments.

AVDigits [91] is one of the largest datasets available for digit classification. It contains videos
recorded with normal, whispered and silent speech and in it; participants read out 10 digits,
from 0 to 9 in a random order five times in the three different modes of speech. They spoke at
normal volume for the mode of normal speech, whispered for the whispering mode and remained

silent in silent speech mode. 53 participants were recorded in total.

The CUAVE [57] (Clemson University Audio-Visual Experiments) database includes speaker
movement and simultaneous speech from multiple speakers. It is split into two major sections:
the first consists of individual speakers and the second consists of pairs of speakers. For the
first section, 36 speakers (17 males and 19 females) were recorded with each speaker uttering
50 isolated digits while facing the front; another 30 isolated digits while moving the head and
after that, the speaker was recorded from both profile views while speaking 20 isolated digits.
Each individual then uttered 60 connected digits while facing the camera again. Videos were

recorded at 30 fps with an audio sampling rate of 16 kHz.

Other corpuses constructed for digit recognition in speech recognition include AVQCAR [46]
for Spanish digits, CENSREC-1-AV [55] for Japanese, NDUTAVSC [75] for German; LTS5 |69
databases for French, AGH AV [43] for Polish as well as other English datasets like IBMIH [64],
IBMSR [65] and QuLips [78].
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2.5.2 Word and Sentence Recognition

The focus of compiling datasets for letter and digit recognition initially was not motivated
solely by starting with simplest cases possible, but also due to the simplicity in the gathering
of such data. Later, researchers focused more on the the task of predicting words, phrases and
sentences in continuous speech whereby they had to overcome the problem of trying to identify

different words that look or sound identical when spoken.

The MIRACL-VCI1 [71] database was released in 2014. It consists of videos from 15 participants
who each uttered one of 10 possible words ten times, resulting in the availability of 1500 word
videos. Videos were recorded using an RGBD camera with resolution 640x480 pixels and a
frame rate of 15 fps. The videos were sampled into image frames with the images being divided

into colour pictures and depth pictures - the latter of which contained more depth information.

Other isolated word datasets for the English language include MODALITY [73], AusTalk [44],
CMU AVPFV [56] and DAVID [58]. Corpuses for other languages include AVAS [47] for Arabic,
CAVSRI1.0 [54] for Chinese and NDUTAVSC [75] for German.

Meanwhile, possibly the one of largest English word datasets we have available to us today,
LRW |[1] contains 1000 utterances of 500 different words, spoken by over 1000 different speakers.
Videos were extracted from a number of BBC television programmes streamed between 2010

and 2016, and they are 1.16s long with a frame rate of 50 fps without any audio.

LRW-1000 [68] is possibly one of the largest continuous audio-visual datasets for words alto-
gether consisting of over 700,000 samples of 1000 Chinese words spoken by over 2000 different
speakers from Chinese CCTV programs. This dataset is unique in that it consists of videos
with varying resolutions which makes it useful for the natural variability of people speaking in
real-time where you will either have people speaking at varying distances from a video camera

or videos that have been recorded with varying spatial dimensions.

The XM2VTSDB [89] corpus which consists of 295 speakers uttering digits, also consists of
videos with the 295 speakers pronouncing the sentence "Joe too parents green shoe bench out".

This makes it one of the oldest sentence-based corpuses. The MIRACL-VC1 [71] dataset in
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addition to having compiled word video data, also consists of sentence videos whereby each of

the 10 speakers uttered one of ten phrases ten times to generate 1500 phrase videos.

IBMViaVoice is one of the largest datasets available for lip-reading sentences and it contains
videos with 290 speakers speaking a total of 24325 sentences with 10500 different words being

spoken. It is however unavailable to the public.

The OuluVS1 [76] database consists of 10 phrases spoken by 20 speakers(17 males and 3 fe-
males), with each utterance repeated by the speaker up to nine times. Videos were recorded
at 25 fps with an audio sampling rate of 48kHz. The OuluVS2 [77] database is an extension
of OuluVS1 which also contains videos of these 10 phrases but spoken by with 52 different

speakers.

The GRID [59] corpus consists of 34 speakers(18 males and 16 females) who each utter 1000
sentences [59] that follow a standard pattern of verbs, colours, prepositions, alphabet, digits,
and adverbs [59]. "Set white with p two soon" is an example of one spoken sentence and each

video has a duration of 3 seconds with a sampling rate of 25 fps and audio 25kHz.

The GRID-Lombard [60] database is an extension of the GRID corpus and consists of 54 speak-
ers(30 females and 24 males) who altogether pronounce 5400 sentences that follow the GRID
convention and take the form of "<verb>, <colour>, <preposition>, <letter>, <number>,
<adverb>" using combinations that do not appear in the GRID corpus. It should be noted that
the emphasis of this corpus is to not only include profile views of people speaking in addition
to frontal views but to also provide videos of people speaking according to Lombard speech so
that the Lombard effect can be modelled. The Lombard effect is the spontaneous habit of a
speaker to increase their vocal effort when speaking in loud noise to enhance the audibility of

their voice [92].

The TIMIT corpus is a dataset with audio recordings of 630 speakers each speaking 10 different
sentences to give a total of 6300 sentences [93]. Several datasets with people uttering sentences

following the TIMIT structure have been constructed.

The AV-TIMIT [30] database was constructed for performing speaker-independent audio-visual
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speech recognition and the corpus contains videos of 233 speakers (117 males and 106 females)
uttering TIMIT sentences [93]. Each speaker was asked to utter 20 sentences, and each sentence
was spoken by at least 9 different speakers with one sentence that was uttered by all the speakers.

Videos were recorded at 30 fps with a resolution of 720 x 480 pixels and an audio sampling rate

of 16 kHz.

Similarly, the Vid-TIMIT [86] database is comprised of videos of 43 speakers (19 females and
24 males), each pronouncing 10 different TIMIT sentences. The videos were recorded at 25
fps with resolution 512 x 384 pixels and an audio-sampling rate of 32kHz. Meanwhile, the
TCD-TIMIT [80] database consists of videos of resolution 1920 x 1080 pixels from 62 female
speakers of whom 3 are professional lip readers and the other 59 are volunteers. The three

professionals say 377 sentences each while the remaining speakers speak 98 sentences each.

In recent years, more challenging datasets consisting of spoken sentences that are more random
and less structured have been constructed which consist of thousands of sentences spoken by
limitless people, with extensive vocabularies covering thousands of different possible words so
that lip-reading systems can be generalised to natural spoken language. The LRS2 [1] dataset
is a sentence-based dataset of videos without audio which was compiled by extracting videos
from BBC television programmes much like the LRW corpus. Altogether the corpus covers

17,428 different words with a total of 118,116 samples.

MV-LRS [74] is also a sentence-based dataset constructed from videos from BBC programs
with a total of 74,564 samples covering 14,960 words. However, unlike the LRS2 corpus which

only includes frontal shots, MV-LRS includes both profile and frontal shots.

The LRS3-TED [94] dataset is another sentence-based dataset compiled in a similar fashion by
extracting videos from Ted-X videos where 150,000 sentences were extracted from TED pro-
grams. LSVSR [95] was built using YouTube videos with 140,000 hours of audio, approximately

3,000,000 speech utterances and over 127,000 words making it the largest database to date.

Lip-reading datasets with people pronouncing sentences in other languages have also been

created too. Examples include AVQCAR [46] and VLRF for Spanish, AVAS [47] and AVSD [51]
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for Arabic, BL [53] and IV2 [66] for French, UWB-05-HSAVC [83], and UWB-07-ICAV [84] for
Czech, the German NDUTAVSC [75] dataset, the Russian HAVRUS [61] corpus and the HIT-
AVDB-II [62] database that covers Chinese and English.

2.5.3 Multiview Databases

In an ideal situation, an automated lip-reading would only need videos of people speaking from
frontal poses. However, in practice it is impossible to always guarantee that the input images

will be exclusively from frontal shots.

Another challenge with pose is when a video with a talking person consists of that very person
speaking at different angles. When there is a static camera, a speaker may rotate their face
while speaking which results in the data that is present consisting of a person speaking at
multiple angles in the very same video. Some datasets provide image data recorded at various

angles whilst a speaker is speaking, though this is not always the case.

Many researchers argue that the frontal shots are not necessarily the best angles to use for
lip-reading. One reason for this is that a slight angle deviation can be beneficial because

lip-protrusion and the rounding of the lip can be better observed [96] [97].

2.6 Preprocessing

One of the stages of automated lip-reading is to extract the region of interest and in the
case of automated lip-reading, the ROI that needs to be extracted is the person’s lips. The lip
movements will be given a speech class label according to the hierarchy of speech data explained

in the Introductory Chapter.

There are different feature representation methods that can be used to represent lip move-
ments and they can typically be divided into four categories as summarized by Dupont and
Luettin [98]: geometric-based, image-based, model-based and motion-based. A more detailed

comparison of feature representation can be found in the following works [99] [98].
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The overwhelming majority of deep learning classification methods use image-based feature
representation and the input will either be an image with channels of red, green and blue pixel
intensities or an input with grayscale images. A general advantage of being able to use raw
pixel data as a neural network input is that there is less pre-processing involved as there is no
need to device hand-crafted models for extracting facial contours or the representations of lip

motion.

For a recorded video of a person speaking, an automated lip-reading system will first need
to sample the video into image frames. Once the video has been sampled, the face must be
detected as part of a face localization step which involves facial landmarks needing to be located
in order to extract just the speaking person’s lips as the ROI and feature input to the visual
frontend. Figure [2.5] outlines the process of extracting the ROI of an individual speaking in a

video, while Figure [2.6| shows an example of an image frame and its corresponding ROI.

Figure 2.5: A person’s face on the left with the extracted ROI shown on the right.

A variety of face localization methods can be used for extracting facial landmarks from people’s
faces and such approaches include Naive Bayes classifiers , neural networks , HMMs
1102] and Principal Component Analysis to name a few. A more detailed review of face
localization procedures can be found in , though they all typically use the standard iBug
landmark convention where 68 landmarks are detected for the face. The procedure for locating

facial landmarks and to extract the ROI is shown in Figure

For the first deep learning-based lip reading systems, the ROI extraction was often performed as
part of preprocessing, but modern end-to-end lip reading systems now perform ROI extraction
during the feature extraction stages whereby a frontend will have been trained to locate the

ROT and this means that video frames do not need cropping beforehand [104] [105].

After locating and extracting the ROI, a series of pre-processing steps will typically be applied

to the image and this is done to not only improve the efficiency of training and validation by
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reducing the number of overall operations but also to limit variation as much as possible. Pre-
processing will often consists of processes such as grayscale conversion, z-score normalization
and some augmentation techniques; though augmentation is implemented during the training

phase.

Images naturally consist of three pixel channels in the red-green-blue(RGB) format with red,
green and blue pixel components. The challenge with images having multiple colour channels
is that there will be huge volumes of data to work with, making the process computationally
intensive. So as a result, lip-reading systems will often consist of a grayscale conversion stage

where RGB pixels are converted to a grayscale format beforehand.

Another pre-processing step is the Normalization process. Normalizing helps to ensure consis-
tency of scale when processing images, which can improve a model’s ability to learn if the scales
for different features are very different. Z-score normalization is the simplest of such techniques
where a correction is applied to all of the pixels by subtracting from every pixel x the mean
pixel value = and then dividing by the standard deviation o to give a corrected pixel value z’

with zero-mean and unit-variance according to Eq. 2.7}

Video | Face ) ROI
Sampling Localisation Extraction
Fare Face Facial

) — . — Landmark
Detection Tracking )
Detection

Figure 2.6: Procedure for video processing.

Figure 2.7: Stages of facial landmark extraction including face detection(left), face track-
ing(middle) and facial landmark detection(right).
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= (2.7)

In summary, the training of a good classification model for speech recognition requires a lot
of data and the lack of the labelled training data leads to poor generalization. A greater
availability of training data will invariably lead to a better classification model. However, when
there is an insufficient supply of data available to begin with, augmentation can be a useful
strategy which is where existing training data is extended by adding modified or augmented
samples. New training samples can be created by applying various transformations to existing
labelled samples. Examples of image-based augmentation techniques include rotation, scaling,

flipping, cropping, spatial or temporal pixel translation and even the addition of Gaussian noise.

2.7 Feature Extraction

Feature extraction for visual speech recognition has two main purposes. The first is to sep-
arate redundant features in the images from relevant features and the second is to convert
images from high-dimensional space into low-dimensional space. A variety of techniques such
as Active Appearance Models, Active Shape Models, Discrete Cosine Transformation, Linear
Discriminant Analysis, Principal Component Analysis and Locality Discriminant Graphs have
been deployed for feature extraction in lip-reading and more detailed information about such
approaches can be found in Zhou’s work [99]. Non-deep learning methods of feature extraction
will not be discussed in this Section. For most of the up-to-date state-of-the-art lip-reading
systems, deep learning methods are preferred to traditional methods because feature extraction

can be automated.

Convolutional Neural Networks are one family of neural networks that have been deployed for
feature extraction in neural network architectures for automated lip-reading. They are a super-
vised learning method and they account for majority of networks used for feature extraction.
The other family of architectures used for feature extraction include Autoencoders, Restricted

Boltzmann Machines and Deep Belief Networks which are all unsupervised methods mainly
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used in dimensionality reduction tasks.

2.7.1 Multilayer Perceptrons

A multilayer perceptron or a multilayer feed-forward neural network is the most basic neural
network that can be used for feature extraction. Wand et al. used a multi-layer feed-forward
network as part of a frontend for three of their approaches where 51 different possible variants
of words from the GRID corpus were decoded with an LSTM configuration used in the backend.
A 40x40 pixel window containing the lips was extracted from each video frame before being
converted to grayscale and flattened into a 1D vector. This was performed for every frame that

made up the video and so videos were inputted into the frontend in the form of 2D matrices.

Multilayer perceptrons are limited in comparison to other architectures that can be used for
feature extraction including Autoencoders and CNNs because image frame pixels from videos
have to be stacked together. This means that feed-forward neural networks simply compress
image data without being able to learn the spatial and temporal features needed for processing

sequential inputs.

2.7.2 Autoencoders and RBMs

An Autoencoder is a network used for learning compressed distributions of data. Autoencoders
consist of an encoder and decoder. The encoder converts data in higher-dimensional space to
lower-dimensional space, while the decoder transforms the lower-dimensional data into higher-
dimensional data. For input data x, the autoencoder tries learning identity relationship z,,; = =
by tuning the network weights and biases when the network is being trained. The loss function
is simply a normalisation of the difference between z,,; and x which the network tries to
minimise. The operations performed by the encoder and a decoder are given in Egs. to[2.1]
respectively. W is the encoder weight matrix, b is the encoder bias matrix, W7 is the decoder

weight matrix, and b’ is encoder bias matrix [106].
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Encoder(z) =Wz +b (2.8)
Decoder(z) = Wrha 4 ¥ (2.9)

Loss = min(fipss : WX (Wax +b) + ¥, 1) (2.10)
Cap = Wapl + (2.11)

The Decoder section of the Autoencoder is only used for training and discarded for validation
as it the compressed representation learned by the Encoder that is used for feature extraction

in lip-reading [106].

Real Boltzmann Machines have an identical structure to Autoencoders, but they differ in that
they use stochastic units with a particular distribution(usually Binary of Gaussian) instead of
deterministic distribution. The learning procedure consists of several steps of Gibbs sampling

where the weights are adjusted to minimize the loss function [106].

Petridis et al. proposed lip-reading systems in a number of works that use bottleneck RBMs to
do the feature extraction for lip-reading sentences. Their work in [107] decoded phrases from
the OuluVS2 using an LSTM backend with two visual input streams. The first input stream
uses inputs of 2D image frames converted into grayscale, while the second stream uses the
difference between two consecutive frames as the input. For the outputs of both bottlenecks,
the first and second derivatives are processed and added to the bottleneck outputs. Each overall
output stream is then is fed into an LSTM layer with both LSTM outputs then concatenated
and passed into a Bidirectional LSTM with their information combined. The output layer is a

softmax layer that performs the classification.

Petridis et al’s architecture in [108] is similar to that of |[107] except the second input stream
takes audio as an input as opposed to taking in the differential of two consecutive images
frames, as well using bidirectional LSTMs instead of unidirectional LSTMs. Petridis et al. |[109]
presented a third system for tackling multi-view lip-reading for sentence prediction. There are

three architecturally identical streams to extract features from three images captured from
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different angles. The outputs are concatenated and passed into a Bidirectional LSTM and a
softmax layer that perform classification in an identical manner to [107] and [108]. Meanwhile,
Petridis et al’s fourth proposed architecture [91] is similar to [108] except that the system uses

only visual inputs with no audio for assistance.

Autoencoders and RBMs do have advantages over CNNs; one is that they are unsupervised
learning techniques and can map data from higher dimensions to lower dimensions in isolation
without the need for any labelled classification. They also have simpler topologies to tune and

are quicker and more compact for backpropagation [110].

Autoencoders and RBMs do have limitations in their feature extraction capabilities. Whilst
Autoencoder or RBMs try to capture as much information as possible, they can be inefficient if
information that is most relevant the classifier makes up only a small part of the input and so an
autoencoder or RBM may lose a lot of it. CNNs are better at separating relevant information

from redundant information [110].

2.7.3 2D CNNs

It is common to have a series of 2D CNN kernels whereby feature extraction is performed
for each individual image frame. A CNN will extract features using architectural layers for
convolution, pooling and normalization; and for a 2D CNN, the convolution stage involves
convolving an input y with a weight w of kernel width k, and height kj; over the different
channels and over a coordinate system where 7 and j are spatial coordinates such that y and w
e RE¥kwxkn — For the expression shown in Eq. , C represents the different channels for the
image. There will be three channels for RGB pixels and 1 channel for grayscale pixels and the

convolution may consist of an arbitrary bias b.

Videos of people’s lips moving are sampled into image frames and there are three types of set-up

used for visual frontends when extracting features from lip images:

1. A Series of 2D CNN kernels

2. Concatenation of 2D image frames
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3. Differential between image frames

The most common set-up to use in a 2D CNN frontend is to extract features for individual
image frames using a CNN kernel for each image within the sampled video(Figure such

that the output of the frontend will be a time series of image frames represented in a lower

dimensional space |111].
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Figure 2.8: CNN diagrams with 2D kernel CNN shown on the left and Concatenated Image
Frame CNN on the right.

Noda et al. were among the first group to use CNNs for lip-reading in a task of extracting
visual feature sequences for 6 people speaking 300 Japanese words whereby the output formed
the input of a Gaussian Mixture Model-Hidden Markov Model(GMM-HMM) used for classifi-
cation. Their results demonstrated that the visual features acquired by CNNs were significantly
better than those acquired using traditional methods like PCAs. They later proposed a lip-
reading system that incorporated audio as an input for assistance to create an audio-visual

speech recognition system.

Chung and Zisserman proposed SyncNet [112], a CNN consisting of 5 convolution layers and
5 fully-connected layers. Grayscale images are the input, with a feature vector as the frontend

output. The output of each CNN kernel is then concatenated and inputted into a single LSTM



40 Chapter 2. Technical Background

and their overall model performs the classification of phrases from the OuluVS dataset. The
LSTM processes the feature vector as a temporal sequence and with a Softmax layer, a class is
predicted. They repeat the same task using almost the same architecture except with a VGG-M
topology for the CNN kernels that was already pre-trained in ImageNet with its weights being
frozen for training as opposed to the SyncNet. An accuracy rate for validation of the initial
SyncNet model of 92.8% was recorded in comparison to a validation accuracy rate of just 25.4%
and the main reason for the former model performing significantly better was that the SyncNet
kernels were trained directly on the lip-reading data as opposed to the VGG-M kernels which

were not.

Chung and Zisserman [42] used VGG-based CNNs for feature extraction when lip-reading words
in continuous speech from the LRW dataset. They proposed two different structures includ-
ing Early Fusion(EF) and Multiple Tower (MT), which both concatenate the outputs of the
different CNN kernel streams at different stages. The EF model involves applying 2D CNN
kernels to every grayscale ROI and concatenating the outputs before applying convolution lay-
ers and pooling layers. Whereas the MT model uses extracted ROIs with RGB pixels and
applies one stage of convolution and pooling to the outputs of every stream individually before
concatenating the streams. Performance results indicated that the MT model performed the

best.

Other examples of lip-reading visual frontends that use series of 2D CNN kernels include Lee
et al. [113]who devised a multi-view lip-reading system and experimented with three scenarios:
single-view, cross-view, and multiple-view; Lu and Li [45] who introduced a hybrid neural
network architecture composed of a VGG CNNs to lip image features from people uttering
digits from 0 to 9; and Zhang et al. [114] proposed a visual speech recognition system called
LipCH-Net using VGG-M kernels for lip-reading Chinese sentences. Finally, Lu et al. [115]
constructed a lip-reading system for hearing impaired individuals and dysphonic people that
combined lip-reading with sign language where one of the inputs streams used image frames of

lip movements and the other input stream who used image frames of hand gestures.

One other set-up used for 2D CNN frontends is to concatenate all individual image frames into
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one giant image frame to then be fed into one single CNN kernal. These inputs form the input
of the frontend and are known as Concatenated Frame Images(CFIs), and the structure of a

CFI based frontend is shown in Figure [2.8

Garg et al. [116] were the first to use Concatenated Frame Images(CFIs) as shown in Figure
where a 2D CNN with the VGG topology was used as their frontend. Groups of successive
image frames were intertwined within one giant image frame to form a CFI and a sequence of
CFIs formed the input to an LSTM that was utilised for classification where they effectively
transformed the temporal information per data-point into spatial information. Their model
was trained and tested on videos from MIRACL-VC1 dataset and their best performance was
achieved when freezing the VGG parameters and then training the LSTM, rather than training

both the backend and frontend simultaneously.

Saitoh el. [117] devised a system that takes CFIs as an input, where lip images are merged
into one single frame like the approach of Garg et al [116]. They used three different CNN
models with three different topologies to extract features from CFIs that include the Network

in Network(NIN) [118], AlexNet, and GoogLeNet.

Mesbah et al. [119] proposed a CNN structure (HCNN) based on Hahn moments that are
effective in the sense that they can be used to extract the most useful information in image
frames to reduce redundancy. Hahn moments are applied to the frames at the input to extract
moments and input them to the CNN-based frontend and this helps to reduce the dimensionality
of video images so that images can be represented with fewer dimensions. The frontend takes

moment matrices as the input.

The third set-up used for 2D CNN frontends is to use not the static image frames themselves but
a representation of how the image pixels change over time so the difference between successive
image frames is used as the input to a visual frontend. Li et al. [120] acknowledged that dynamic
features are a better representation of moving lips than static features, so they represented
lip movements in the form of dynamic images. Dynamic images are obtained by calculating
the first-order regression coefficients of every three consecutive image frames. The extracted

features formed the input of an HMM which classified words from the Japanese word-based
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ATR dataset that consisted of 2620 words for training and 216 words for testing.

It should be noted that the use of 2D CNNs for feature extraction in lip-reading when dealing
with sequential inputs is limited because such an architecture would only learn spatial features
without learning temporal features. Even if dynamic frames were to be used as opposed to
static frames, the architecture would still be compromising on the loss of spatial features, so
it is necessary to learn both spatial and temporal information. It is for this reason that 3D or

spatiotemporal CNNs were introduced into lip-reading.

2.7.4 3D CNNs

The obvious difference between 2D and 3D networks is the extra dimension involved in the
convolution process with the time dimension so the expression for convolution in Eq. for
a 3D CNN will be similar to that of Eq. but with a kernel of temporal duration k; and
where t corresponds to the temporal coordinate such that y and w e RE*kexFwxkn [121] [122].

Figure 2.9 shows an outline a lip-reading system with a 3D CNN frontend.
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Assael et al. |16] proposed an architecture with a frontend consisting of a spatiotemporal CNN,
which extracts features from lip images with RGB pixels once pre-processing had been applied to
videos from the GRID dataset which the architecture was trained and tested on. The backend
consisted of 2 bidirectional GRUs, a softmax layer using ASCII characters as classes and a
CTC for temporal alignments. Fung and Mak [123] proposed an architecture for decoding
10 sentences from the OuluVS2 corpus and they used a similar network for their backend,
though their frontend used more 3D convolution layers and used max-out activation function
instead of pooling. Their backend consisted of two bidirectional LSTMs with a softmax layer
for classification whereby sentences were treated as individual classes, unlike Assael et al’s |16]

system which predicted sentences as sequences of ASCII characters.

Torfi et al. |123] proposed an audio-visual speech system that uses a coupled 3D CNN for the
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Output

Figure 2.9: 3D CNN frontend.

visual stream with grayscale images as the input and four layers of 3D convolution in total.
For the audio stream, the first layer uses a 3D convolutional layer to extract spatiotemporal
features after extracting MFCC features from speech signals; whereas the second layer uses 2D
convolution to extract spatiotemporal features. The outputs of both streams are then combined
into a representation space, so that the correspondence between the audio and visual streams

can be evaluated.

Chung et al. constructed an audio-visual speech recognition system called Watch, Listen,
Attend, and Spell (WLAS) which consists of four components: Watch, Listen, Attend, and
Spell. The frontend consists of a "Watch" component for the visual stream and a "Listen" for
the audio component, with "Attend" and "Spell" components making up the backend. The
Watch component processes 5 consecutive grayscale images at a time with five 3D convolution
layers, one fully connected layer, and three LSTM layers. Each LSTM at every timestep is
part of an overall encoder LSTM configuration. The Listen component for the audio stream
follows a similar structure except that Mel-frequency cepstrum coefficients(MFCCs) are used
to extract features from the audio inputs as opposed to CNNs. The Spell component of the
backend network consists of three LSTMs, two attention mechanisms , and a Multi-layer
Perceptron(MLP). The attention mechanisms process the context information of Watch and
Listen to generate the context vectors for the Watch and Listen components. The decoder
LSTM network in Spell uses the previous step output, the previous decoder LSTM state and the
previous context vectors of Watch and Listen to generate the decoder state and output vectors.
Finally, a MLP and softmax layer predict the outputted sentence by generating probability

distribution of possible output ASCII characters.

Xu et al. [125] proposed a network called LCANet specifically designed to encode rich semantic
features, that was trained on the GRID corpus and decodes sentences on an ASCII character-

level. The frontend of the LCANet entails 3D convolutional layers and a highway network, while
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the backend uses Bidirectional GRU networks with a Cascaded Attention-CTC. The LCANet
takes in images frames and uses the 3D-CNN to encode both spatial and temporal information
with two layers of highway networks [126] on top of the 3D-CNN. The highway network module
has two gates that allows the neural network to transfer some input information directly to the

output.

Yang et al. [68] proposed an architecture called the D3D model for lip-reading Chinese words
from the LRW-1000 dataset. It consists of a frontend with a spatiotemporal CNN following a
similar topology to that of DenseNet that has stages of Convolution, Batch Normalization and
pooling at the beginning; followed by three combinations of a DenseBlock and Trans-Block,
plus a final Dense-Block at the end. Each Dense-Block contains two successive layers of convo-
lution and batch normalisation while the Trans-Block contains three layers that include Batch
Normalization, Convolution and Average Pooling. The backend consists of two Bidirectional

GRUs with a softmax layer of 100 classes for each of the 100 words in the LRW-1000 dataset.

Chen et al. [90] constructed a neural network for Mandarin sentence-level lipreading consisting
of two sub-networks. To predict the Hanyu Pinyin sequence for the input lip sequence, they
combined a 3D CNN and a DenseNet with a two layer resBi-LSTM for the first part of the
network, which was trained by a CTC loss function. The second part of the network converted
Hanyu Pinyin into Chinese characters, and it consisted of a set of multi-headed attention that
was trained using the cross-entropy loss function. The procedure in converting Hanyu Pinyin
to Chinese characters does result in an 8% drop in accuracy rate. In consideration of the result,
Chinese characters would be diverse on account of the different contexts whether Hanyu Pinyin

1S same or not.

3D CNNs can extract both spatial and temporal features more effectively than 2D CNNs.
However, one drawback of 3D CNNs is that they require more powerful hardware and thus
require high computation and storage costs. A compromise that is often made is to alleviate
the limitations of both scenarios by using a 3D 4 2D convolution neural network which consists
of a mixture of 2D and 3D convolution layers. This helps to extract the necessary temporal

features of lip movements and to limit the hardware capabilities required in performing feature
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extraction for lip-reading.

2.7.5 2D + 3D CNNs

Frontends with a mixture of 2D and 3D CNNs will perform a combination of operations given

in Eqs. 2.12 and 2.13] Figure shows an outline a lip-reading system with a frontend

containing 2D and 3D CNNs.

Output

A

Figure 2.10: Frontend composed of 2D and 3D CNN kernels.

Stafylakis and Tzmiropoulos proposed a visual speech recognition system for decoding
words from the LRW corpus using grayscale images as an input. The frontend network consists
of a 3D CNN and 2D ResNet, in which the 3D CNN has just one layer with which to extract
short-term features of lip movements. The 2D ResNet has 34 layers which includes a max-
pooling layer for reducing the feature vector’s spatial dimensionality until the output is a
one-dimensional feature vector. The backend is a two-layer Bidirectional LSTM with a softmax

layer to classify one of 500 word classes.

Stafylakis and Tzmiropoulos proposed a visual speech system in [128] similar to that of [127]
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but with modifications to the architecture which included the use of word embeddings, to sum-
marize the information of the mouth region that is relevant to the problem of word recognition,
while suppressing other varying attributes such as speaker, pose and illumination. Other modi-
fications from their architecture of |127] include the use of a smaller ResNet to reduce the total
number of parameters from ~24 million to ~17 million, and of word boundaries passed to the

backend as an additional feature.

Margam et al. [129] devised a 3D+2D CNN architecture configuration for decoding ASCII
character to predict spoken sentences from the GRID corpus, taking in RGB-pixelated images
frames as an input. Their frontend consisted of two blocks of 3D CNNs followed by two
blocks of 2D CNNs; where each 3D CNN block consists of a layer for convolution, pooling and
batch normalisation, and each 2D CNN block will consist of layers for convolution and batch
normalisation. Their backend consists of two bidirectional LSTMs with a CTC for temporal

alignment.

In summary, CNNs are the most widely used network for feature extraction techniques in deep
learning-based automated lip-reading. They have advantages over Autoencoders, RBMs and
Feed-forward networks in that they are more effective at learning both spatial and temporal
features as well as being the most effective in extracting relevant features from any redundant
features. For spatio-temporal data, frontends will either deploy 2D CNNs, 3D CNNs or 2D+3D
CNNs; but the use of 2D+3D CNNs appears to be the most preferred as they are a compromise
between being able to extract the necessary temporal features of lip movements in the most

effective way and to limit the hardware capabilities required in performing feature extraction.

The rationale behind the choice of feature extraction to use for the lip-reading system proposed
in this thesis apart from being to utilise a pre-trained model is the ability use what appears to
be most effective given the current trends in deep-learning based lip-reading and this is partly

why the visual frontend uses a mixture of 2D and 3D CNN kernels.
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2.8 C(lassification

The first neural network-based lip-reading systems were designed to classify isolated speech
units such as individual letters, digits and words; where each speech segment or word was
codified a class. This approach was sufficient for classifying visual speech that was limited to a
limited number of discrete classes. For many systems that classified individual words such as
Saitoh et al. [117] or Ngiam et al. [12], it was sufficient to use a backend that was composed of
only a softmax layer for classification. Both of their architectures consisted of a frontend with
a CNN for feature extraction a softmax layer backend to classify one of the possible words that
had been uttered from the list of possible words contained within either of the OuluVS2 and

LRW corpuses respectively.

A backend with solely a softmax layer would be sufficient for classifying speech in the form of a
limited number of phrases where each phrase is treated as a class like Saitoh et al. |[117] did with
their approach. However when people utter phrases or even longer words, there is temporal
information that can be exploited by neural networks to decipher between phrases and long
words, which is why many visual speech recognitions systems use backends with networks for
processing temporal sequences such as Recurrent Neural Networks(RNNs). They give a neural
network architecture greater discriminative power when distinguishing between classes by learn-
ing conditional dependencies. Table (constructed as part of this research to highlight how
lip-reading systems have advanced in order to generalise to natural everyday lip-reading), lists
many of the automated lip-reading approaches which use deep-learning classification networks

respectively. Many of them are listed in the works of [130] and [97].

2.8.1 Recurrent Neural Networks

RNNs are a sequence-based neural network used in many tasks including language modelling,
machine translation and speech recognition. Recurrent Neural Networks(RNNs) can be used
to predict sequences based on the output of particular timesteps which is what makes them

useful for natural language processing tasks where in language models for instance, they can
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predict the next character in a word or the next word in a sequence of words [35]. A vanilla
RNN is the simplest form of RNN, but vanilla RNNs do suffer from the problem of vanishing
gradients when trying to learn long-term dependencies. This is why RNNs used for lip-reading
generally take the form of LSTMs or GRUs which consist of gates to control information that

is transmitted through the network cells to control the gradient’s value.

An LSTM is one variant of RNN which uses three gates to regulate the state and output at
different timesteps [131]. An LSTM uses its gate structure to combine long and short-term
memory to alleviate the problem of vanishing gradients. GRUs [132] are a more simplified form
of RNN in comparison to LSTMs as they use just two gates instead of three. A diagram of an
LSTM cell is shown in Figure while a diagram of a GRU cell is shown in Figure [133].
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ﬁi?f;;]re 2.11: Long-Short Term Memory Cell Figure 2.12: Gated Recurrent Unit Cell [133].

Unidirectional RNNs rely on just forward transmission, whereby the output depends on the
input at that particular timestep and the output of the previous timestep. Bidirectional RNNs
however rely on both forwards and backwards transmission where the output of a particular
timestep relies not just on the current input and previous timestep output, but also on the
successive timestep output too. A speech segment can be dependent on the successive segment
as well as the previous one however. Bidirectional RNNs do use roughly double the number of

parameters and so take longer to train.

For lip-reading sentences that are more wild and not repetitive such as those in the TIMIT
and LRS2 corpuses, it is not possible to encode each sentence as a class and even to encode

each word as a class is not feasible because of there are thousands of different possible words
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to account for. Visual speech recognition systems that decode sentences will often use ASCII
characters to decode sentences by learning conditional dependence relationships of how they

appear in words.

When automating speech recognition in real time, information about where a particular char-
acter starts and ends in the image frame sequence will generally be unavailable and the use
of RNNs to learn sequences of characters will not be sufficient without being able to learn the

temporal alignment of the sequence.

Recurrent Neural Networks(RNNs) are capable of conditioning the output of a model on all
the previous words in a sentence. Eq. gives the expression for the hidden state h; which is
dependent on the current input x; at time ¢, and hidden state from the previous step h;_; which
will in turn be dependant on the output of previous timesteps. The hidden state will therefore
always be dependent on the hidden state from all previous timesteps. The output of a particular
timestep y; is given in Eq. 2.15 Unlike the feed-forward network, RNNs are not constrained

by sequence length and longer sentences have no effect on the weight parameters [134].

ht = H(thl’t + Whhht—l + bh) (214)
Y = Whyht + by (215)
A GRU [135] consists of memory cells with weights W and a function H applied to the input

according to Eq. [3.6l Each cell at a timestep ¢ will have an input gate x, update gate u and

reset gate r. All these parameters are updated according to Equations [2.16] to [2.19]

hi =u®hy + (1 —u) ® hy_y (2.16)
U = U(qul't + Whuht—l + bu) (217)
hy = tanh(Wopze + Win(r ® he_1) + by) (2.18)

Tt = O’(er$t + Whrht—l + b,«) (2].9)
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GRUs are able to select whether a unit for a timestep should have short or long term dependency.
Reset gates help to capture short-term dependencies while update gates capture long terms
dependencies and this helps to GRUs to ignore parts of sequences when needed. The reset
gate r and update gate u can be switched on and off by containing values close to 1 and 0
respectively and Eqgs. [2.20] to 2.22 have been derived indicating how a GRU behaves when the

reset and update gate variables approach asymptotic limits.

A GRU behaves like a vanilla RNN when both gates are switched on as indicated by Eq. [2.20
When the update gate is switched off, the hidden state gives more attention to the previous
hidden states(Eq. , while setting off the reset gate would cause the GRU to give more
attention to the current input at that timestep(Eq. . With this in mind, a GRU-based a
language model is better at modelling shorter length dependencies within a sentence for values

of r close to zero which would make it less susceptible to the possibility of compound errors.

lim h; = (thﬂit + Winhi—1 + bh) (2.20)
() (1,1)

lim  hy = hy 9221

(s (221)

lim hy = (Wepxe + 0 2.22

i o e = (Wonze 4 b1) (222)

2.8.2 Attention Mechanisms + CTCs

An Attention mechanism is one way of learning to temporally align predictions of an input
sequence. For an input sequence of vectors x = {z1,...,z7,}, an attention-based RNN will
predict a hidden state h, decoder state s and for every timestep ¢, a context vector ¢; will be
generated which is an indicator of how dependant the output at a timestep is to the output of

another particular timestep.

The hidden state h; for particular timestep is a function of the current input z; and previous
timestep h;_1 expressed in Eq. while an expression for ¢ is given in Eq. for a series
of hidden states across different timesteps. The symbols f and g are non-linear functions. The

output y; at an RNN timestep is predicted according to probability distribution of previous
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outputs and the current input as expressed in Eq. whereby ¢ is a non-linear function;

meanwhile Eq. [2.20] is an expression for the decoder state s.

he = f (20, hut) (2.23)
c=q({hi, ... ho}) (2.24)
PWilyrs -5 yic1,2) = g (-1, 8¢, ¢) (2.25)
si = f (81, Vi1, ¢) (2.26)

The context vector of a timestep is generated by calculating an alignment model e;; which
scores how well the input around position 7 and the output at position ¢ match. This alignment
model is then exponentiated and normalised by dividing by the sum of exponentiated alignment
models to give a weight «;;. Finally, the context vector for the timestep is calculated by
summing over the all weights and annotations for that timestep. Using the decoder state and
context vectors, the RNN can construct an output probability distribution to predict an output

sequence. Relationships between the variables are shown in Eqs. to [2.29]

€ij = a (Sifl, hj) (227)

= exp (e;5)

_ _ 2.28
Zg:l exp (eik) ( )

T
C; = Zaijhj (229)
j=1

There are two main problems posed by using attention mechanisms for temporal alignment in
automated lip-reading. The first is the length variation between the input and output sequences
in speech recognition that makes it more difficult to track the alignment and secondly, the
basic temporal attention mechanism is too flexible and allows for extremely non-sequential

alignments.
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A Connectionist Temporal Classification (CTC) [|136] model predicts frame labels and then
looks for the optimal alignment between the frame predictions and the output sequence. A
CTC can resolve the problem of input sequences and output sequences not being equivalent in

length because of people speaking at different speeds.

If T is taken to the number of time steps in the sequence model, for example T' = 3, a CTC
defines the probability of the string "me" as p(mme) + p(mee) + ...+ p(mee) and there exists a
e symbol in the case of repeated characters to make sure that the CTC does not group symbols

when there are supposed to be repetitions.

For an input sequence X = [x1, ..., 27| to a backend, an output sequence Y = [y1, ¥, ..., yu]
is predicted and the aim is to find the most likely sequence Y*. A label [ will have a set of
possible paths with each path 7 corresponding to a possible frame prediction sequence. Egs.

to [2.32| indicate how the CTC loss Lore is calculated.

T

p(rlz) =[] p(melx) (2.30)

t=1

p(llx) = > p(milx) (2.31)

Lore = —Inp(l|z) (2.32)

Assael et al. |16] were the first to introduce CTCs into lipreading when ASCII characters were
used as units of classification. Bidirectional GRUs were used in the backend along with a CTC

for temporal alignment and a CTC loss function to train the system.

The use of CTCs do have constraints, one being that input sequences must be longer than
output sequences. CTCs also assume that character labels are conditionally independent and
that each output is the probability of observing one particular label at a particular timestep.
CTCs therefore focus more on local information from nearby frames than global information
from all frames. It for this reason that lip-reading systems that use attention mechanisms
perform better than those with CTCs for visual only speech recognition; whereas those that

use CTCs are the better option for audio-visual speech recognition when there is available
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audio.

Xu et al. [125] tackle the problem of the conditional independence limitation in CTCs by using
a Cascaded Attention-CTC which tries to capture information from a longer context. Their
frontend follows an Encoder-Decoder structure with two bidirectional GRUs in the Encoder
and an Attention-CTC configuration with a hidden layer in between the Encoder and Decoder.
The Decoder alleviates the conditional independence limitation by cascading the CTC with
attention. This not only serves to address limitations of the CTC but also the limitations of
using an Attention mechanism by itself because a Cascaded Attention-CTC can reduce uneven
alignments during training in order to eliminate unnecessary non-sequential predictions between

the decoded result and ground truth.

2.8.3 Transformers

RNNs account for the majority of frontend networks in neural network based lip-reading sys-
tems. However, a new trend in the use of Transformers has emerged in some of the most recent
approaches to classification in lip-reading and they are appear to be replacing RNNs in many

lip-reading systems.

Transformers are designed to allow parallel computation by processing entire inputs as at
once rather than processing them sequentially like RNNs. Transformers require less time to
train than RNNs because they avoid recursion, and they are better at capturing long term

dependencies.

Afouras et al. [105] proposed three architectures that perform ASCII character-level classifi-
cation for lip-reading sentences from the BBC LRS2 dataset. All three systems consist of an
identical frontend with a 3D-CNN followed by a ResNet. The first architecture consisted of a
backend with three stacked Bidirectional LSTMs trained with a CTC loss, and where decod-
ing was implemented using a beam search that utilised information from an external language
model. The second system used an attention-based transformer with an encoder-decoder struc-

ture that follows the baseline model of [137]. The Transformer model was the best performing
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model and it attained better word accuracies than the Bidirectional LSTM for every evaluation
scenario and the author observed for instance that the Transformer model was far better at
generating to longer sequences than the Bidirectional LSTM model - particularly for sequences
longer than 80 frames. Moreover, the Bidirectional LSTM model had a limited capacity for
learning long-term, non-linear dependences and modelling complex grammar rules because of

the CTC’s assumption of timestep outputs being conditionally independent.

Ma et al. [104] proposed an audio-visual lip-reading system with a frontend composed of a
spatiotemporal CNN and a ResNet-18 network. The visual backend uses the "Conformer'
variant of the Transformer which follows a similar structure to that of Vaswani et al. [137].
It is convolution-augmented in that it uses convolutional layers in the Encoder because whilst
Transformers are good at modelling long-range global context, they are less capable of extracting

fine-grained local feature patterns - whereas CNNs can exploit local information.

A MLP is used to concatenate the outputs of the audio and visual streams whereby the output
of the MLP forms the input of the Transformer Decoder which uses a hybrid CTC/Attention
model that is specifically designed to address the individual limitations to the use of either a
CTC or Attention model individually. This is done by generating a loss for the CTC and for

the Conformer Encoder individually and adding them together using aggregated loss function

[104)(Eq. 2:33).

Loss = alog pere(y|x) + (1 — a)log per(y|x) (2.33)

2.8.4 Temporal Convolutional Networks

Temporal Convolutional Networks(TCNs) are another form of neural network that have emerged
as an alternative to RNNs for sequence classification. Recently in many NLP tasks there has

been a move towards the use of purely convolutional models for sequence modelling.

Like Transformers, TCNs have an advantage over RNNs in that they can process inputs in

parallel as opposed to processing the input at every timestep sequentially. They are also
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advantageous because they are flexible in changing receptive field size; which can be done by
stacking more convolutional layers, using larger dilation factors, or increasing filter size which
allows for better control of the model’s memory size. Furthermore, TCNs do not suffer from
the problem of exploding or vanishing gradients because they have a backpropagation path
different from the temporal direction of the sequence, as well as lower memory requirement for

training - particularly for long input sequences.

The third backend system used by Afouras et al. |105] for lip-reading sentences from the BBC
LRS2 corpus was a Fully Convolutional(FC) model containing depth-wise separable convolution
layers, which consists of layers for performing convolution along the spatial and temporal chan-
nel dimensions. The network contains 15 convolutional layers that were trained with a CTC loss
where the decoding was performed in the same way as the Bidirectional LSTM system [105].
The FC model has advantages over the other two systems namely the transformer-based and
Bi-LSTM-based systems, in that it uses fewer parameters and is quicker to train. Afouras et
al. also noted that the FC model gave them greater control over the amount of future and past
context by adjusting the receptive field. The FC model performed better than the Bidirectional
LSTM model, though it did deliver diminishing returns on performance for sequences longer

than 80 frames.

Martinez et al. [138] constructed a word-based lip-reading system similar to that of Petridis
et al. [139] with a similar frontend that entails a spatiotemporal CNN followed by a ResNet-
18 CNN. For the backend, the Bidirectional GRU has been substituted with a network in
its place that they proposed called a Multi-Scale Temporal Convolutional Network(MS-TCN);
devised to tailor the receptive field of a TCN so that long and short term information can be
mixed up. A MS-TCN block consists of a series of TCNs, each with a different kernel size
whereby the outputs are concatenated. Their system was trained and evaluated on the English
datasets LRW and Mandarin dataset LRW-1000 achieving word accuracies of 85.3% and 41.4%
respectively. In addition to improving on the accuracy of the system for Petridis et al. [139],

they also noted a reduction in the overall GPU training time which was reduced by two thirds.

Ma et al. propose modifications to the system of Martinez et al. by using a Densely Connected
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Temporal Convolutional Network (DC-TCN) instead of the MS-TCN contained within the
frontend for the aim of providing denser and more robust temporal features. Two variants are
used including Fully-Dense(FD) and Partially-Dense(PD) architectures, as well as an additional
"Squeeze and Excitation" block within the network which is a lightweight attention mechanism
to further enhance the model’s classification power. They improve on the word accuracies of
Martinez et al. to record word accuracies on the LRW and LRW-1000 datasets of 88.4% and
43.7%.

In summary of classification techniques, RNNs are the most frequently used backend network
for predicting spoken sentences and are often used in conjunction with mechanisms for learning
temporal alignment such as CTCs or Attention mechanisms. CTCs align sequences based on the
conditional independence assumption, whereas attention mechanisms are better at modelling
conditional dependence and this is why CTCs are the better option for audio-assisted speech
recognition and why attention mechanisms are more effective for visual only speech recognition.
RNNs however have started to be superseded by the use of Attention-Transformers and TCNs
which both have advantages over RNNs in that they can perform parallel computation and are
better at learning long-term dependencies. Out of all three networks, Attention-Transformers
appear to have attained the best classification performance results when predicting sentences.
However, TCNs do have advantages over both RNNs and transformers in that they take less

time to train and are more flexible in changing receptive field size.

Table 2.7: Performance of lip-reading systems with deep learning-based classification algo-

rithms.
Year Reference Feature Extractor Classifier Dataset Class Segment Accuracy (%)
2011 Ngiam et al. [12] Sparse Tensor PCA Autoencoder AVLetters Alphabet Alphabet 64.40
2013 Huang and Kingsbury |140| DCT plus LDA Deep Belief Network Own data Digits Digits 35.70
2015 Moon et al. [141] Deep Belief Network AVLetters Alphabet Alphabet 55.30
Scattering coefficients P
2015 Mroueh et al. |63] Feed-forward IBM AV-ASR Phonemes Sentences 30.64
plus LDA
2015 Thangthai et al. [142] AAM Feed-forward RM-3000 Phonemes Sentences 77.49
2015 Thangthai et al. 142 HiLDA Feed-forward RM-3000 Phonemes Sentences 84.67
LDA plus MLLT
2016 Almajai et al. |143] Feed-forward LILiR Phonemes Phrases 53.00
plus SAT
Bidirectional GRU
2016 Assael et al. 16| 3D-CNN GRID ASCII Phrases 93.40
plus CTC
2016 Chung and Zisserman [112| VGG-M LSTM OuluVs2 Phrases Phrases 31.90
2016 Chung and Zisserman [112] SyncNet LSTM OuluVs2 Phrases Phrases 94.10

Continued on next page
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Table 2.7 — continued from previous page

Year Reference Feature Extractor Classifier Dataset Class Segment Accuracy (%)
2016 Chung and Zisserman [42 CNN LRW ‘Words ‘Words 61.10
2016 Chung and Zisserman [42 CNN OuluVs Phrases Phrases 91.40
2016 Chung and Zisserman [42 CNN OuluVs2 Phrases Phrases 93.20
2016 Lee et al. ‘113' CNN LSTM OuluVs2 Phrases Phrases 81.10
2016 Petridis and Pantic [144 DBNF plus DCT LSTM AVLetters Visemes Alphabet 58.10
2016 Petridis and Pantic [144 DBNF plus DCT LSTM OuluVs Visemes Phrases 81.80
2016 Saitoh et al. |117 CFI plus NIN OuluVs2 Phrases Phrases 81.10
2016 Saitoh et al. |117 CFI plus AlexNet OuluVs2 Phrases Phrases 82.80
2016 Saitoh et al. |117] CFI1 plus GoogLeNet OuluVs2 Phrases Phrases 85.60
‘Words and ‘Words and
2016 Garg et al. |116 CFI plus VGG LSTM MIRACL-VC 76.00
Phrases Phrases
2016 Wand et al. |15 Feed-forward LSTM GRID ‘Words Phrases 79.50P
2017 Chung and Zisserman |17 CNN LSTM plus attention OuluVs2 ASCII Phrases 91.10
2017 Chung and Zisserman 17| CNN LSTM plus attention MV-LRS ASCII Sentences 43.60
2017 Chung et al. |74 CNN LSTM plus attention LRW ASCII ‘Words 76.20
2017 Chung et al. |74 CNN LSTM plus attention GRID ASCII Phrases 97.00
2017 Chung et al. |74 CNN LSTM plus attention LRS ASCII Sentences 49.80
2017 Petridis et al. [107] Autoencoder LSTM OuluVs2 Phrases Phrases 84.50
2017 Petridis et al. [108 Autoencoder Bidirectional LSTM OuluVSs2 Phrases Phrases 91.80
2017 Petridis et al. |109 Autoencoder Bidirectional LSTM OuluVs2 Phrases Phrases 94.70
2017 Torfi et al. ‘123 3D CNN Contrastive Loss LRW ‘Words ‘Words 98.50
Stafylakis and
2017 3D-CNN plus ResNet Bidirectional LSTM LRW ‘Words ‘Words 83.00
Tzimiropoulos ‘127'
Stafylakis and 3D-CNN plus ResNet
2017 Bidirectional LSTM LRW ‘Words ‘Words 88.08
Tzimiropoulos ‘128' plus word boundaries
Wand and
2017 Feed-forward LSTM GRID ‘Words Phrases 42.40
Schmidhuber [145
Bi-LSTM plus
2018 Afouras et al. [105 3D-CNN plus ResNet LRS2 ASCII Sentences 37.80
Language Model
2018 Afouras et al. [105 3D-CNN plus ResNet Depthwise CNN LRS2 ASCII Sentences 45.00
2018 Afouras et al. [105 3D-CNN plus ResNet Attention-Transformer LRS2 ASCII Sentences 50.00
2018 Fung and Mak [108 3D-CNN Bidirectional LSTM OuluVSs2 Phrases Phrases 87.60
‘Words and ‘Words and
2018 Hashmi et al. [146 CFI plus CNN MIRACL-VC 52.90
Phrases Phrases
2018 Petridis et al. |139 3D-CNN plus ResNet Bidirectional GRU LRW ‘Words ‘Words 82.00
2018 Petridis et al. |91 Autoencoder Bidirectional LSTM AV Digits Phrases Phrases 69.70
2018 Petridis et al. |91 Autoencoder Bidirectional LSTM AV Digits Digits Digits 68.00
2018 Wand et al. 147 Feed-forward LSTM GRID ‘Words Phrases 84.70

Bidirectional GRU
2018 Xu et al. [125 3D-CNN plus Highway GRID ASCII Phrases 97.10

plus Attention

2018 Afouras et al. [148 3D-CNN plus ResNet Transformer-CTC LRS2 ASCII Sentences 45.30
2018 Afouras et al. [148 3D-CNN plus ResNet Transformer-Seq2seq LRS2 ASCII Sentences 51.70
2018 Yang et al. [68 2D CNN Bidirectional GRU LRW-1000 ‘Words ‘Words 25.76
2018 Yang et al. [68 DenseNet3D Bidirectional GRU LRW-1000 ‘Words ‘Words 34.76
2018 Yang et al. [68 2D+3D CNN Bidirectional GRU LRW-1000 ‘Words ‘Words 38.19
2018 Mattos et al. [149 CNN GRID Visemes Visemes 64.80
2018 Oliveira et al._lgl CNN GRID Visemes Visemes 67.30
2019 Lu et al. |45| CNN LSTM plus Attention Own data Digits Digits 88.20

Bidirectional LSTM
2019 Shillingford et al. |41 3D-CNN plus Finite-state LSVSR Phonemes Sentences 59.10

transducer

Bidirectional LSTM
2019 Shillingford et al. |41 3D-CNN plus Finite-state LRS3-TED Phonemes Sentences 44.90

transducer

Courtney and
2019 Res-Bi-Conv-LSTM LRW ‘Words ‘Words 85.20
Sreenivas .

Continued on next page
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Table 2.7 — continued from previous page

Year Reference Feature Extractor Classifier Dataset Class Segment Accuracy (%)
2019 Jang et al. |151 CFI plus QVGG plus Committee OuluVs2 Phrases Phrases 90.90
Bidirectional LSTM
2019 Zhou et al. [152 CNN plus Modality Chinese TV Chinese Sentences 93.15
Attention Mechanism phus ASCI
2019 Mesbah et al. |17 CFI plus Hahn CNN OuluVs2 Phrases Phrases 93.72
2019 Mesbah et al. |119 CFI plus Hahn CNN LRW ‘Words ‘Words 58.20
2019 | Margam et al. (129 2D+3D CNN Bidirectional LETM GRID Words Sentences | 98.70
plus CTC
2019 Margam et al. |129 2D+3D CNN Bi-LSTM plus CTC Indian English ‘Words Sentences 87.70
2019 Weng and Kitani |[153 3D-CNN Bi-LSTM LRW ‘Words ‘Words 84.11
VGG-M plus ResNet
2019 Zhang et al. |114 plus Bi-LSTM plus GRU plus Attention CCTC Pinyin-to-Hanzi Sentences 50.20
CcTC
2019 Wang et al. [154 3D-CNN Bi-Conv-LSTM LRW ‘Words ‘Words 83.34
2019 Wang et al. [154 3D-CNN Bi-Conv-LSTM LRW-1000 ‘Words ‘Words 36.91
2020 Lu et al. |115 CNN plus ResNet LSTM Own data Digits Digits 87.00
2020 Chen et al. [90 3D-CNN resBi-LSTM NSTDB Pinyin-to-Hanzi ‘Words 49.56
2020 Zhang et al. |155 3D-CNN plus ResNet Bidirectional GRU LRW ‘Words ‘Words 85.20
2020 Zhang et al. |155 3D-CNN plus ResNet Bidirectional GRU LRW-1000 ‘Words ‘Words 45.24
2020 Xiao et al. |156 3D-CNN plus ResNet Bidirectional GRU LRW Words Words 84.13
2020 Xiao et al. |156 3D-CNN plus ResNet Bidirectional GRU LRW-1000 ‘Words ‘Words 41.93
2020 Luo et al. |157 3D-CNN plus ResNet Bidirectional GRU LRW ‘Words ‘Words 83.50
2020 Luo et al. |157 3D-CNN plus ResNet Bidirectional GRU LRW-1000 ‘Words Words 38.70
2020 Zhao et al. |158 3D-CNN plus ResNet Bidirectional GRU LRW ‘Words ‘Words 84.41
2020 Zhao et al. |158 3D-CNN plus ResNet Bidirectional GRU LRW-1000 ‘Words ‘Words 38.79
Linear Decoder
2020 Fenghour et al. [159 3D-CNN plus ResNet Transformer plus LRS2 Visemes Sentences 65.00
GPT Transformer
2020 Martinez et al. [138 3D-CNN plus ResNet Temporal CNN LRW ‘Words ‘Words 85.30
2020 Martinez et al. 138 3D-CNN plus ResNet Temporal CNN LRW-1000 ‘Words ‘Words 41.40
2020 Ma et al. [160 3D-CNN plus ResNet Temporal CNN LRW ‘Words ‘Words 88.36
2020 Ma et al. [160; 3D-CNN plus ResNet Temporal CNN LRW-1000 ‘Words ‘Words 43.65
2021 Ma et al. [104 3D-ONN plus ResNet Decoder Transformer LRS2 Pinyin-to-Hanzi Sentences 62.10
plus Conformer Encoder
2021 Ma et al. [161 3D-CNN plus ResNet Temporal CNN LRW ‘Words ‘Words 88.50
2021 Ma et al. [161 3D-CNN plus ResNet Temporal CNN LRW-1000 ‘Words ‘Words 46.60
3D+2D CNN plus
2021 Prajwal et al. [162 Visual Transformer Attention-Transformer LRS2 Sub-Words Sentences 77.40
Pooling
3D+2D CNN plus
2021 Prajwal et al. [162 Visual Transformer Attention-Transformer LRS3 Sub-Words Sentences 69.3
Pooling

b - Speaker Dependent

V - Viseme accuracy P - Phoneme accuracy C - Correctness

The Viseme Classifier proposed in this thesis decodes continuous sequences of visemes and so

the backend needs to be trained to automatically perform the temporal alignment of visemes.

In real time, the boundaries of where each viseme starts and stops is unknown.

Of course, a CTC or Attention Mechanism can be trained to learn the temporal alignment of

continuous class sequences and either of these two mechanisms can be utilised. The choice of

mechanism is not a major focus of this thesis. However the use of attention is preferred because
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unlike CTCs, they do not suffer from the constraint of input sequence needing to be longer than

the output sequence.

2.9 Summary

One can see a progressions of visual speech recognition systems moving from the use of tra-
ditional algorithms for letter and digit classification to the use of deep neural networks for
predicting words and sentences thanks to the development of more advanced corpuses such as
BBC-LRS2, LRS3-TED, LSVSR and LRW-1000. New datasets not only cover larger vocabu-
laries covering thousands of words and uttered by thousands of people, they also feature people

speaking in varying poses, lighting conditions and resolutions.

Lip-reading systems consist of components for feature extraction and classification. 2D+3D
CNNs are the most preferred network for frontends because of their ability to learn spatial
and temporal features though Autoencoders do have the advantage of being able to map visual
feature data from higher dimensional space into lower dimensional space without the need for

any labelled classification.

RNNs in the form of LSTMs and GRUs form the majority of classification networks. In recent
years though, Transformers and TCNs have started to replace RNNs due to their ability to
better perform parallel computation, learn long-term dependencies and be trained in a shorter

period of time.



Chapter 3

Literature Review

This Chapter gives a review of the latest trends in automated lip-reading where lip-reading
systems have seen an evolution in recognising small isolated speech segments in the form of
isolated numbers and letters to predicted words and sentences from videos with people speaking
from both frontal and profile views. Possible classification schemas used for lip-reading is one
area of lip-reading research that does deserve more research attention and the use of visemes

has been identified as a gap in the literature review.

The rest of the chapter is organized as follows: First in Section [3.2] a discussion of many of the
latest trends in automated lip-reading is provided based on a review of the most up-to-date lip-
reading systems up until early 2021; then in Section [3.3] a comparison of different classification
schemas used for lip-reading including ASCII characters, phonemes and visemes; while Section
talks about language models and the importance of language model in a speech recognition
system not only to distinguish between words that share identical lip movements but in that
their inclusion can boost the performance accuracy of lip-reading systems for all classification
schema. Finally, Section [3.5] the rationale behind the proposed lip reading system is explained

with full details about all the different components of the overall lip reading system.

60
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3.1 Introduction

Research in automated lip-reading is a multifaceted discipline. Due to breakthroughs in deep
neural networks and the emergence of large-scale databases covering vocabularies with thou-
sands of different words, lip-reading systems have evolved from recognising isolated speech units

in the form of digits and letters to decoding entire sentences.

Traditional non-deep learning methods with hand-crafted techniques were the first methods
used for the automation of lip-reading and such methods include, for instance, Hidden Markov
Models (HMMs) [30] [32] [33] [34] [35]. A variety of different feature extraction techniques have
been used including Linear Discriminant Analysis(LDA), Principal Component Analysis(PCA),

Direct Cosine Transformations(DCTs) and Active Appearance Models(AAMs).

In recent years, more visual speech recognition systems have moved towards the use of deep
learning networks for both feature extraction and classification and in 2011, Ngiam et al. [12]
first proposed a deep audio-visual speech recognition system based on Restricted Boltzmann
Machines(RBMs) [13]. This means that traditional feature extraction techniques like PCA
have been superseded by the use of neural networks. Feed-forward networks, Autoencoders and
Convolutional Neural Networks(CNNs) are examples of networks that are used in lip-reading
frontends. CNNs account for majority of neural network frontends as they are better at learning

both spatial and temporal features, and more effective at extracting relevant features.

For classification, lip-reading backends predict speech sequential in nature like words or sen-
tences and tend to use sequence processing networks like Recurrent Neural Networks(RNNs).
RNNs take the form of either Long-Short Term Memory networks(LSTMs) or Gated Recurrent
Units(GRUs). Recently, alternative classification networks to RNNs such as Attention-based
Transformers and Temporal Convolutional Network(TCNs) have been used in lip-reading back-

ends.

A number of surveys on the topic of automated lip-reading with a particular focus on deep
learning have been written, for example, [130] and [97]. This chapter has some unique insights in

that there is a more in-depth comparison of some of the advantages of other alternative frontend
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networks to CNNs such as feedforward neural networks and autoencoders; and for classification,
there is focus on lip-reading architectures with Attention-Transformers and TCNs which have
advantages over RNNs; as well as there being a comparison of the different classification schema
used in lip-reading. This literature review also covers some of the most up-to-date approaches

of late 2020 and early 2021.

3.2 Trends in Lip-Reading

The previous chapter reviewed many automated lip-reading systems running that had been
proposed running from 2007 to 2021. One aspect of lip-reading systems that is noticeable is
that a particular system will have been trained to classify a particular speech segment whether

it is speech in the form of letters, digits, words or phrases or sentences.

The AVLetters database is the most widely used corpus for alphabet recognition. Zhao et al. |76]
used LBP-TOP for feature extraction and a Support Vector Machine(SVM) for classification
and they attained a 62.80% word accuracy rate(WAR). Pei et al. [164] recorded the highest
WAR of 69.60% with a RFMA based lip-reading system. Petridis and Pantic [144] used a
frontend that combined Deep Belief Network features and DCT features, with an LSTM for
the backend achieving a 58.10% classification accuracy. Hu and Li [165] proposed a system based
on multimodal RBMs called Recurrent Temporal Multimodal Restricted Boltzmann Machines

and achieved a WAR of 64.63%.

CUAVE is the most frequently used database for digit recognition. Papandreou et al. [166] used
an AAM for feature extraction with a HMM for classification for performing digit recognition
and they recorded a 83.00% word recognition rate. Ngiam et al. |[12] achieved a 68.70% word
recognition rate using an RBM-Autoencoder. Rahmani [167] extracted deep bottleneck features,
and then used a GMM-HMM for the language model to achieve a WAR of 63.40%. Petridis et
al. [107] achieved a WAR of 78.60% using the dual flow method.

GRID is one of the oldest and most frequently used databases for predicting phrases. Wand

et al. [15] experimented with three different feature extraction techniques for their backend
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that included Eigenlips, HOG, and feedforward neural networks. The lip-reading systems that
used Eigenlips and HOG for the respective frontends utilised an SVM for the backend, while
the lip-reading system with the feedforward network in the frontend used an LSTM for the
backend. Performance results indicate that the combination of the feedforward network with
an LSTM was the best model. Assael et al. [16], Xu et al. [125] and Margam et al. [129] obtained
word accuracies of 95.20%, 97.10%, and 98.70% respectively through the use of spatiotemporal

convolutional networks and Bidirectional RNNs.

OuluVS2 is the most widely used multi-view database. Lee et al. [113] used a frontend that
combined DCT and PCA features, and an HMM to attain a 63.00% word accuracy rate for
phrase prediction. They also constructed a lip-reading system that utilised a CNN for feature
extraction and an LSTM for classification achieving a 83.80% word accuracy rate. Wu et
al. [168] combined SDF features with STLP features while using an SVM for classification, to
achieve a 87.55% classification accuracy. Petridis et al. [1] obtained a 96.90% word recognition

rate based on the three-stream method.

LRW is one of the most challenging datasets there is for word classification which Chung and
Zisserman [42] used for training and validation. They obtained a word accuracy rate(WAR)
of 61.10% with a spatiotemporal CNN, while Torfi et al. [123] used a coupled 3D CNN for
their lip-reading system achieving a WAR of 98.50%. Stafylakis and Tzimiropoulos [127] used a
3D CNN and ResNet for their frontend with a Bidirectional LSTM backend obtaining a WAR
of 83.00%. In recent years; Zhang et al. [155], Xiao et al. [156], Luo et al. [157] and Zhao
et al. [158] have all used a frontend with a 3D CNN and ResNet along with a Bidirectional
GRU for the backend and they all recorded state-of-the-art performance results on the LRW
corpus with WARs of 85.20%, 84.13%, 83.50% and 84.41% respectively. The best results that
were recorded for the validation on the LRW set were for the systems proposed by Martinez et
al. [138] and Ma et el. [160] [161] who all used a 3D CNN and ResNet for the frontend with a
TCN for the backend and they correspondingly achieved WARs of 85.30%, 88.36% and 88.50%.
As discussed in Section 2.8, TCNs have advantages over RNNs and they are set to replace

RNNs for many sequence processing tasks.



64 Chapter 3. Literature Review

For the BBC-LRS2 database, Chung et al. |[17] proposed a Watch-Attend-and-Spell system
that achieved a WAR of 49.80%. Afouras et al. [148] proposed two approaches which both
used a 3D CNN plus ResNet for the frontend. One of their approaches used an attention-
transformer for the backend that trained with a CTC loss achieving a WAR of 45.30%. Their
other approach also used a backend with a Transformer, but that was trained with a seq2seq
loss and achieved a WAR of 51.70%. Ma et al [104] proposed a frontend with a 3D-CNN,
ResNet plus Conformer Encoder in tandem with a backend that used Decoder Transformer
and accomplished a word accuracy rate of 62.1%. Fenghour et al. [159] devised a system that
decoded videos in two stages where visemes were predicted for the first stage using a 3D-
CNN plus ResNet with a Linear Decoder Transformer, and then words where predicted using
a converter that calculated perplexity scores using the pre-trained GPT transformer where a
WAR of 64.00%. More recently, Prajwal et. [162] proposed an architecture consisting of a
backend with a spatiotemporal CNN and Visual Transformer Pooling in conjunction with an

attention-transformer backend with recorded a WAR of 77.40%.

For the task of recognising shorter speech segments, traditional methods have outperformed
deep learning-based methods in terms of performance when the dataset used to provide video
samples was too small to be used with deep learning. This is because deep learning requires
large numbers of training samples and because the focus of automated lip-reading research
has moved towards classifying larger speech units in the form of words and entire sentences in
continuous speech, plus there is very little demand and effort to attempt to increase the volume
of training samples for people uttering isolated digits and letters. For sentences prediction,
deep learning methods significantly outperform traditional methods. For word and sentence
prediction, Transformers and TCNs are starting to replace RNNs due to their ability to better

perform parallel computation and learn long-term dependencies.

The most recent approaches to automated lip reading are deep learning-based and they largely
focus on decoding long speech segments in the form of words and sentences using either words
or ASCII characters as the classes to recognise [127] [17] [42] [105] |16] [41]. Lip reading systems
that are designed to classify words often use individual words as the classification schema where

every word is treated as a class. In recent years, very good accuracies have been achieved for
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word-based classification on some of the most challenging audio-visual datasets for words, such

as LRW [42] and LRW-1000 [6§].

Contrastingly, however, lip reading sentences have not succeeded in attaining accuracies as
good as word-based approaches. It still remains an ongoing challenging task to automatically
lip reading people uttering sentences which cover a wide range of vocabulary and contain words
that may not have appeared in the training phase while using the fewest classes possible. The

main obstacles to lip reading sentences are:

» Lip reading systems that use words or ASCII characters as classes can only predict words
that the systems have been trained to predict because in the case of using words as a class,
the word needs to be encoded as a class and presented in the training phase; while in the
case of ASCII characters, the prediction of words is based on combinations of characters

having been presented in the training phase as patterns.

o The models must be trained to cover a wide range of vocabulary which requires a sig-
nificant number of parameters in the models to be optimised and a significant volume of

training data to be used.

« They often require curriculum learning-based strategies [169] |170] which involve further
pre-processing, whereby the videos of individuals speaking in the training data have to
be clipped so that the models can be trained on single word examples initially, with the

length of the sentences being gradually incremented.

3.3 Classification Schema

The first automated approaches to lip-reading started off with recognising a limited number
of speech units in the form of digits, letters and words; especially as the first audio-visual
datasets that were available for training lip-reading systems were limited and only focused on
the classification of small isolated speech segments. For this reason it was sufficient to encode

each speech segment as a class.
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Eventually, the emergence of more audio-visual training data covering a wider range of vocab-
ulary saw the development of lip-reading systems with entire words a classes. Some approaches
encoded entire phrases when performing the task of speech recognition in videos of people

uttering a limited number of structured and repetitive phrases.

Some of the largest and most recent of lip-reading corpuses consist of people speaking in a
continuous manner with vocabularies coverings thousands of different words, and so many
lip-reading systems that have been trained to predict entire sentences have opted for the use
ASCII characters as a classification schema as opposed to encoding every word as a single class.
This allows for fewer classes to be used and for a reduction in the creation of computational
bottleneck [36]. The use of ASCII characters also allows for natural language to be modelled
due to the conditional dependence relationships that exist between ASCII characters. This

makes it easier to predict characters and words [17] |16] [127].

However, even the use of ASCII characters for automated lip-reading of speech covering an ex-
tensive range of vocabulary has its limitations. Neural networks for speech recognition systems
that use either words or ASCII characters as classes are only able to predict words that the
system has been trained to predict, because in the case of using words as a class, the word needs
to be encoded as a class and have been present in the training phase. While for the case of
ASCII characters, the prediction of words is based on combinations of characters having been

observed in training as patterns.

Furthermore, the models must be trained to cover a wide range of vocabulary which would
require a significant number of parameters, lots of hyperparameters to be optimised and a
significant volume of training data to be used. This is in addition to the requirement of
curriculum learning-based strategies [169] |170] which involve further pre-processing, such as
the clipping of training videos with individuals speaking so that the models can be trained on
single word examples to begin with, before gradually incrementing the length of the sentences

being spoken.

There are alternative class systems that have been proposed for automated lip-reading systems

such as byte-pairs and sub-words. Byte-pairs were suggested as a potential schema in the
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conclusion to [105)’s work though to the best of our knowledge, there is no lip-reading system
that uses byte-pair encoding to predict sentences. More recently, Prajwal et al. [162] proposed a
lip-reading a system that uses sub-words as classes and their architecture achieved a 77.4% word
accuracy rate when predicting sentences from LRS2 corpus. They noted several advantages of
using sub-words to ASCII characters which include reduction in output sequence length which
accelerates both training and inference, but also the ability to encode prior language information
to improves the overall performance. The use of sub-words as class also helps to solve the "out-
of-vocabulary problem" by predicting words not seen in the training data as long as the word
consisted of sub-tokens, but still suffers from the problem of unseen sub-word tokens, misspelled
words and abbreviations [163]. Sub-word encoding also has some of the same limitations that
come with using ASCII characters such as the need to encode an extensive number of softmax
classes to cover all potential sub-word tokens, and the requirement of curriculum learning

strategies.

Other less frequently used classification schema include visemes and phonemes. The usage of
visemes for decoding speech when trying to predict sentences has some unique advantages.
Firstly, the prediction of speech as sequences of visemes as classes as opposed to sequences
of either words or ASCII characters would require a smaller overall number of classes which
alleviates computational bottleneck. In addition, the use of visemes does not require pre-trained
lexicons, which means that a lip-reading system which classifies visemes can in theory be used
to classify words that have not been seen during training. A lip-reading system that predicts
speech using visemes as classes can be generalised to decoding speech from people speaking in

other languages because many different languages often share identical visemes.

The general classification performance for recognising individual segmented visemes has been
less satisfactory compared with the classification of words. This is due to the natures of visemes
tending to have a shorter duration than words which results in there being less temporal
information available to distinguish between different classes, as well as there being more visual

ambiguity when it comes to class recognition [1§].

Moreover, the eventual prediction of words and sentences based on decoding visemes requires a
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two-stage procedure where visemes will be decoded as the first stage and with a viseme-to-word
conversion process being performed as the second stage. One set of visemes can correspond to
multiple different sets of phonemes or sounds; unlike the use of ASCII characters where there

is one-to-one mapping relationship when mapping characters to possible words or sentences.

The viseme-to-word conversion is a challenge because once visemes have been classified, there
is a need to disambiguate between homopheme words(words that look identical when spoken
but sound different [19]). This bottleneck exists because of the one-to-many mapping corre-
spondence between visemes and phonemes. The conversion process requires a language model

to determine the most likely words that have been uttered.

For the specific task of viseme identification, recent approaches have included the use an SVM to
distinguish between 6 viseme classes [171] achieving a 63.0% accuracy, a CNN-based approach
which obtained 55.7% accuracy on the identification of 12 viseme classes [172], an HMM for
recognizing 13 viseme classes with 46.6% accuracy [173], and the use of an Active Appearance
Model in classifying 18 viseme classes from a small dataset of two users that achieved around
45% accuracy [174]. Lower accuracies are generally expected for short speech segments and
previous work has demonstrated that the success of automated lip reading increases for longer

words, indicating the importance of temporal features [16], for visual speech recognition.

A Generative Adversarial Network-assisted CNN achieved an accuracy of 67.3% [18] for recog-
nising 16 visemes on large synthetic dataset of 40,800 images extracting from the GRID [59]
audio-visual corpus consisting of 34 speakers. However the large number of training samples
that was required to train the model may limit the application of the approach in terms of

reproducibility.

Phonemes have been more frequently used than visemes as an intermediate classification schema
in lip-reading where speech is decoded in the form of phonemes, which are then converted to
words [41] [142] [175] [176] [173]. The classification of phonemes as individual units using only
visual speech can never be done with as much precision as classifying individual visemes due
to the fact that many phonemes share identical visemes and therefore look the same so context

is needed to resolve that problem.
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Phonemes are more preferred to visemes though because the conversion of phonemes to words
will always comprise of less ambiguity than the conversion of visemes to words. This is because
there are significantly fewer homophone words, or words that sound the same in the English
language than homopheme words. Some of the language models used to perform the phoneme-
to-word conversion such as WFSTs and HMMs use Markov chains and are limited in performing
viseme-to-word conversion with good precision due to their inability to detect semantic and

syntactic information needed to discriminate between words with identical visemes.

It still remains to be seen which is the most accurate classification schema to utilise out of
visemes, phonemes and ASCII characters. The performance of a lip-reading system that uses
ASCII characters can itself be enhanced by the inclusion of a language model which means
the decoding of ASCII characters in predicting sentences can be performed as a two-stage
procedure. Afouras et al. |[105] do include a character-based language model to increase the
likelihood of a word being correctly predicted however, some of the sentences that the model
does not predict correctly are not as grammatically sound as the ground-truth sentences. So
the model’s performance itself could be enhanced by including a word-based language model to
ensure that sentences being predicted are the most likely given the combination of words using

a word-based language model to calculate sentence perplexity.

3.4 Language Model Implementations

Viseme-to-word conversion is related to a language model and various ways of the implementing
a language model. Conversion methodologies used to predict word from visemes can be grouped
into two categories: statistical conversion models and neural conversion models. This section
provides the essential fundamentals of a language model and the different ways of implement-
ing of a language model to analyse how effective they are when applied in a viseme-to-word

conversion model.
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3.4.1 Implementation of a language model

The language model will predict the most likely set of words to have been spoken given the
spoken visemes and the two ways to implement a language model include statistical language
models and neural models. Statistical language models predict words based on the preceding
words in the sequence according the Markov assumption whereas neural language models use

deep neural networks.

Algorithms like Weighted Finite State Transducers(WFSTs) |177] and Hidden Markov Mod-
els(HMMs) [19] are some examples of statistical conversion models as they implement language
models based on Markov chains or N-grams, which assume that each word in a sentence depends

only its previous N-1 predecessors.

Statistical models based on N-grams are limited in comparison to neural models because they
are a sparse representation of language which model sentences based on the probability of words
in combination and would naturally give a zero probability to combinations of words that have
not previously appeared [178]. Furthermore N-grams fail to accurately predict semantic and
syntactic details of sentences [178|, but one fundamental problem with N-grams is that they need
a large value of N to produce an accurate language model which requires lots of computational

overhead.

An N-gram model predicts sequences of words according to the Markov process where the
probability of the next word in a sequence is predicted based on the previous (N —1) words. Eq.
gives the ideal chain rule of probability P to apply to any language model with a sequence of
K words. However as K increases, the computation because impossible so statistical language

models use the Markov assumption given in Eq. [3.2

P(’U}l,wg, ,U}K> = HP(wi]wl,wg, ...,wi,l) (31)

P(wl,wm ~->UJK> = HP(wi|wi—N+1a ~-~7wz'—1) (3-2)

N-grams are an approximation of the Markov assumption and the problem with N-grams is
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that context is only limited to the preceding N — 1 words(Eq. , and though one exploit
more contextual information by increasing the value of n; this comes at the cost of increasing
the computation of the model |179]. Bigrams language models will only be able to predict
words based on the previous word in a sentence(Eq. which in practice is insufficient
to disambiguate words sharing identical visemes let alone even homophone words that share

identical phonemes.

COUnt (Wi N1, vy Wi—1, W;)

P(w;|w,;_ e Wi_q) =
(Wil 1, - Win1) count (Wi N1, -y Wi_1)

14 iy Wi—
Plwilwi_y) = count(w;, w;_1)

count(w;_1)

One major difference between statistical models and neural models is that whilst the former
treats each word a fixed representation like a one-hot-vector [179], neural models use the concept
of distributed representations where words are treated as continuous vectors each with a discrete
number of features where each feature represents a semantic dimension in feature space. This
means that words which are semantically similar are closer together in vector space. Neural
models are a dense representation of language which avoid what is known as the curse of

dimensionality [179).

Eq. gives the expression for cosine similarity Sc(w,,w;,) which can be used to calculate
the similarity between two word vectors w, and w;, [180]. One hot vectors for two semantically
similar words would automatically result in a value of S equal to 0 because the vectors are

orthogonal but for continuous word vectors, one would expect a value of S ~ 1 [180].

Wy, - Wy
SC (w wb) =t (35)
v [[wallllws |l
Feed-forward neural networks are an example of a neural conversion model and they have
advantages over statistical conversion models modelling N-grams that use HMMs or WFSTs

in that they are not limited by data sparsity or the inability to learn semantic and syntactic

information which means that they can even model unseen combinations of words not seen
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in training. The modelling of unseen word combinations is necessary for ensuring that the
viseme-to-word converter is not limited to predicting combinations of words seen in training

for any given combination of words.

The output of a feed-forward network at a certain timestep will always be conditioned on a
window of the previous N — 1 outputs which a softmax layer is applied to. As seen in Eq. [3.6]
the fully connected layer a(for class k corresponding to one of N classes) uses only hidden states
from the previous n — 1 steps. Increasing the window size requires more weight parameters and

increases the complexity of the model [179].

ek

725\;1 o (3.6)

P(wy = k|lwi—ni1, oy wiq) =
However like N-grams, feed-forward networks still suffer from the fundamental problem in that
they used fixed-size windows to give context where the output of a timestep is only conditioned
on a limited number of previous timesteps. They are not always able to utilise all the context
necessary in exploiting semantic or syntactic information needed to distinguish between words
that share identical visemes. Recurrent Neural Networks(RNNs) on the other hand are capable

of conditioning the output of a model on all the previous words in a sentence.

Statistical models predict words according to ratios of counts for sequences of words within
window of n words according to Eq. 3.7 Neural models with a fixed context predict words
according to the relationship of feature vectors within a fixed window of n words according to
Eq. Neural models with limited context predict words according to the relationship of
feature vectors for all previous words (Eq. . Figure shows the taxonomy of the different
viseme-to-word conversion models and they can be decomposed into statistical models, neural

models with fixed context and neural models with unlimited context.

COUNE( Wy N1y ey W1, W)

Plwywy,...;w—q) =
(wiwy, ..y wpa) count(Wy— N1, -, Wi—1)

P(w|wy, ooy wi—1) = fwi|wi—pg1, -y Wi—1) (3.8)

P(wwy, ...,w;—1) = f(wwy, ..., wi_q) (3.9)
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Implementations of Conversion

-

.
[Statistical Conversion Models Neural Conversion Models

L N-grams - Fixed Context Window

Hidden Markov Models

- o - Feed-Forward Neural Networks
Weighted Finite State Transducers ’ :

L+ Unlimited context

Recurrent Neural Networks
Transformers

Temporal Convolutional Networks

Figure 3.1: Taxonomy of viseme-to-word conversion models.

As discussed in Chapter [2, most RNNs used for language modelling take the form of either
LSTMs or GRUs because traditional vanilla RNNS are susceptible to the problem of vanishing
or exploding gradients for very long sequences. This allows them to select whether the output
of a timestep should be give more focus to either to the input at that current timestep or the

outputs of the previous timesteps.

3.4.2 Comparison of viseme-to-word conversion models

Table [3.1] gives a summary of some of the approaches to two-stage visual speech recognition
that use visemes as the intermediate class. TCD-TIMIT [80], LiLiR [67], RM-3000 [79] and
BBC-LRS2 [17] are examples of sentence-based audio-visual datasets that were used for train-
ing and validation and they contain videos different people speaking a variety of sentences.
Accuracies in this field tend to be low for reasons discussed earlier such as the short duration
of visemes, the limited number of datasets available with isolated visemes and the lack or re-
search attention given to viseme classification generally in comparison to other speech segments.
There doesn’t appear to be a copious amount of literature devoted viseme-to-word conversion

for other languages.

In one work by Fenghour et al. [181], a Long-Short Term Memory Network (LSTM) was used
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that takes visemes as an input and predicts the words that were spoken by individuals from a
limited dataset with some satisfactory results. This configuration pre-supposes that the identity
of individual visemes are already known(hence the reason why several values in Table are
listed as N/A), so its robustness to misclassified visemes has not been verified. Moreover, the

sentences that are predicted are often not grammatically correct in terms of syntax, and many

sentences predicted incorrectly have a large grammatical uncertainty or entropy.

Table 3.1: Two-stage speech recognition approaches where CI and CD refer to context-
independent and context-dependent models and SAT refers to speaker adaptive training.

. Unit ‘Word
Approach Viseme . 1st Stage 1st Stzage 2nd S.tage Dataset |Classification|Classification

representation|Feature Extractor Classifier Classifier
Accuracy (%) | Accuracy (%)
Lan and Bigram LDA + PCA HMM-GMM HMM LiLiR 45.67 14.08
Harvey [182]
Almajai [143] |Bigram LDA MM MM MM LiLiR - 1774
Almajai [143 Bigram LDA+MLLT HMM HMM LiLiR - 22.82
Almajai [143 Bigram LDA+MLLT+SAT HMM HMM LiLiR - 37.71
Almajai (143 Bigram LDA+MLLTHSAT HMM Feed-forward LiLiR - 47.75
Bear and . Active Appearance s
Harvey [31] Bigram Model HMM HMM LiLiR 8.51 4.38
Thangthai [173]|Bigram Discrete Cosine | -y cvivipgAT WFST TCD-TIMIT 42.48 10.47
Transform
Thangthai [173]|Bigram Discrete Cosine CD-DNN WFST TCD-TIMIT 38.00 9.17
Transform
Thangthai [173]|Bigram Eigenlips CD-GMM+SAT WEST TCD-TIMIT 44.61 12.15
Thangthai [173]|Bigram Eigenlips CD-DNN WFST TCD-TIMIT 44.60 19.15
Howell [175]  |Bigram ACt‘VEB?:f;amnce CD-HMM HMM RM-3000 52.31 43.47
Fenghour [181] |Cluster N/A N/A Enco‘ieg'T?\f[COder BBC-LRS2 N/A 72.20
Fenghour [159] |Cluster ResNet CNN Linear Transformer GPT-Transformer BBC-LRS2 95.40 64.60
based Iterator

Lan and Harvey [182] classified words from decoded visemes using HMMs with a bigram lan-
guage model to predict words once spoken visemes had been classified from videos of spoken
sentences from the LiLiR corpus. Visemes were classified with an accuracy of 45.67% while the

word accuracy achieved was 14.08%.

Thangthai et al. [173] decoded visual speech in the form of both visemes and phonemes for four
different first-stage classification methods whilst using a WEFST for the second-stage conversion
when predicting spoken words. Every one of the four systems performed viseme classification
with greater accuracy than phoneme classification, though a greater accuracy was observed at
the second stage in the word conversion process because the efficiency in performing phoneme-
to-word conversion was higher than that of the viseme-to-word conversion. The main reason

for better results being achieved when using phonemes instead of visemes is that there will
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be always be more ambiguity with the use of visemes as there are significantly more mapping

options available [173].

It may seem inherent that the intermediate units to be modelled should be visemes when there
is no audio available. However, the availability of context and good accuracy being attained at
the first stage, would make the use of phonemes more preferable for the prediction of sentences
than the use of visemes. The increased ambiguity that one has to overcome with the use of
visemes as opposed to phonemes is due to there being far more words in the English language
that share visemes than phonemes [175] [41] [176] |[173] [142] meaning that there are significantly

fewer mapping options to be considered when doing the conversion for word prediction.

It is for this reason that Howell et al. [175] prefer to use phonemes as the intermediate class.
They acknowledge that even with perfect feature extraction and performance for first stage
classification, the second stage conversion will always be limited because and HMM or WFST
based conversion model will fail to predict semantic details when distinguishing between seman-
tically different words like "Hepburn'/"Campbell", "barge"/"march’, "six"/"since"; or syntactic
details when there is confusion of plural and singular versions of a word that ends with a viseme

corresponding to same for the letter /s/ e.g. "threat'/"threats" [175].

Almajai |143] experimented with three different methods of classifying visemes including Lin-
ear Discriminant Analysis(LDA) with a HMM, LDA with Maximum Likelihood Linear Trans-
form(MLLT), and a LDA/MLLT/Speaker Adaptive Training(SAT) hybrid but it was the

LDA+MLLTHSAT classifier recorded the best result for viseme classification. They then used
two different algorithms, a HMM and a feed-forward neural network to do the word conversion
and the feed-forward network was the better performing of the two recording an accuracy of

47.75% compared with the feed-forward network achieving 37.71%.

The lip reading system proposed by Fenghour et al. [159] used a viseme-to-word converter to
match clusters of visemes to word combinations by iteratively combining words and calculating
the perplexity scores. A Generative Pre-Training (GPT)-based transformer [183] is used to
calculate perplexity scores of word combinations in order to determine the most likely com-

bination of words given the clusters of visemes that are inputted. Perplexity is a measure of
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grammatical correctness, so it is expected that the most likely combination of words to have

been uttered given a set of visemes is the combination with the lowest perplexity score.

The model used by Fenghour et al. [159] matches clusters of visemes to words in a lexicon
mapping and is contingent on visemes being classified correctly. Visemes being misclassified in
one cluster will not only cause error in the word matching for that one word but will in turn
cause compound errors in the combination process during the iterations due to conditional
dependence of word combinations. This means that one word being misclassified can cause

other words to also be misclassified as well.

Other important works in the field who have utilised visemes as part of a two-stage conversion
process include Sterpu and Harte who used Discrete Cosine Transformation with an HMM
to classify visemes with a HMM for the conversion [184]; as well as Peymanfard et al. who
used neural network architecture consisting of a CNN frontend with an attention transformer
backend to classify visemes and an attention-transformer to predict words [185]. The full results

of the viseme classification for both these works has not been disclosed.

Many of the conversion models listed in Table lack the discriminative power to be able
to learn semantic and syntactic information needed to be able to distinguish between words
that share identical visemes [175]. This is because of the lack of context available due to their
fixed size context windows and to increase the size of the context window only increases the
computational complexity of the model. Whereas the conversion model proposed here uses a
GRU network which can exploit context from an unlimited number of timesteps regardless of

the length of sentence which itself would not affect the model complexity.

As well as being effective at exploiting unlimited previous context to discriminate between
words sharing identical visemes, the proposed conversion model is also robust to misclassified
visemes because it can capture both long and short term dependencies unlike the conversion

model used by Fenghour [159]. Tt is therefore less prone to cascading errors.

Another limitation of the word converter used in [159] is it’s inefficiency. The best performing

architectural model proposed here uses significantly less parameters and takes significantly less
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time in executing the prediction of a spoken sentence for one viseme sequence.

The word converter proposed here has been trained on a large dataset with a wider range of
vocabulary than the converter in Fenghour et al’s work [181] which was only trained on words
and sentence contained in the much smaller and limited TIMIT corpus [186]. A curriculum
learning strategy like that of Chung et al. [181] is also used in the training phase to ensure that
the network can better model natural language by predicting shorter N-grams. The proposed

approach falls into the category of neural conversion models.

For a viseme-to-word converter to be accurate, it has to be effective in classifying words from
visemes that have been classified correctly but also be robust to the possibility of visemes that
have not been classified correctly. This section is devoted to presenting theoretical justifica-
tions for why the proposed approach is more effective in addressing these scenarios than other

conversion methods.

It is apparent that the majority of viseme-to-word converters that used either HMMs, WFSTs or
even Feed-forward networks were ineffective with a low conversion performance and the reason
for this is because such models are unable to use enough context to disambiguate commonly
confused words that share visemes. In subsection [3.4.3] an explanation is given as to why the
attention-based GRU model [187] proposed is more effective in discriminating between words
sharing identical visemes and it is because they are able to use more contextual information in

extracting lexical rules to learn the syntactic and semantic differences between words.

The GPT-based iterator used in [159] that predicts word using perplexity calculations has a
very high conversion performance for correctly visemes, but it is nonetheless highly suscep-
tible to the presence of incorrectly classified visemes. Incorrectly classified visemes leading
wrong predictions which in turn causes error propagation in the predicted word sequence of
the outputted sentences. This section demonstrated how the GRU model proposed here is less
susceptible to the impact of incorrectly classified visemes because of its ability to model both

short and long term dependencies.
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3.4.3 Syntactic and Semantic Disambiguation

Given the visemes decoded, a language model is required to determine the most probable
combination of words to have been uttered and the language model has to be robust to the
possibility of either visemes being misclassified. According to Eq. [3.10] for a set of given
visemes V', a language model will predict the most likely set of words W* to have been uttered
for different combinations of words W [188]. Table 3.2 gives an example of a set of visemes and

the words that most likely correspond those visemes.

W* = arg max P(VIW)P(W) (3.10)

Table 3.2: A sequence of visemes and its corresponding word match.
Visemes | <sos> ’T’\’AH’ <space> ’T’\’ER’\’P’\’W’\’AH’\’T’ <space> ’W’\’AA’\’T’ <eos>
Words | <sos>|"THE' "SURPRISE" "WAS" <eos>

Classifiers with language models that have been previously used for viseme-to-word conversion
such as N-grams have been ineffective due to the algorithms’ inability to discriminate between
words that share visemes but are different either syntactically or semantically. An example of
syntactically distinct words sharing identical visemes would be the case of plural and singular
versions of a word that end with a viseme corresponding to a consonant with same viseme as
that for the letter /s/. Examples of semantically distinct words sharing identical visemes being
confused are those words that have an identical likelihood of being preceded by a common word

in a bigram [175].

If the context window is long enough, it can capture the subject-verb agreement which is a
grammar rule that can be used to determine if a noun is singular or plural and thus address the
problem of syntactic disambiguation. The subject-verb agreement is a situation whereby the
status of a noun subject being singular or plural can be determined by the form of the verb. If
one takes the sentence "the keys to the cabinet are on the table" as an example; the word "keys"
is an agreement with the word "are" and if enough context is captured, the correct syntactic

form of the noun can be determined [189]. Figure [3.2] shows the syntax tree.
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To maximise the probability of distinguishing between words that are syntactically different,
one would need to utilise context either side of the subject noun meaning that both left and right
context |190] are required and unidirectional RNNs will only be able to exploit left context.
Bidirectional RNNs can exploit left and right context, however a bidirectional network uses

twice the number of parameters and more computational overhead to train and evaluate.

ROOT

l

S
/\
NP VP

/\ /\

NP PP VBP PP
AN PN \ PN
DT NNS IN NP are IN NP
I N BN VAN
The keys to DT NN on DT NN

l l |
the cabinet the table

Figure 3.2: Syntax tree for the sentence "the keys to the cabinet are on the table".

Intuitively, one can conclude that having access to greater context gives language models more
discriminative power and would help to differentiate between words that are semantically dif-
ferent. A noun can be disambiguated through relationship analysis. Noun phrases will follow
different patterns that are characterised between the different types of words that noun phrases
contain. The phrase categories can be narrowed to adjective-noun phrases, verb-adjective-noun
phrases and subject-verb-object phrases [191]. The identity of a noun can be determined by
the adjective describing it or the verb action it is performing it and the more context there is

available for a language model, the greater the probability of it being predicted.

3.5 Proposed Lip-Reading System

One of the main contributions being made in this thesis is the proposition of a lip-reading
system that decodes entire sentences using solely visual cues from videos of people speaking in

real-time whereby visemes are used as the classification schema as opposed to ASCII characters.

To do this, the proposed system predicts speech in two stages with two main components.
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The first main component classifies visemes to address the question "Can a good classification
performance of individual visemes be attained?", while the next component predicts sentences
using a model to predict spoken words from those decoded visemes to address the question
"Can a language model be implemented that is effective at converting visemes to words?". The

proposed system consists of a number of components:

1. Viseme Classifier

(a) Preprocessing
(b) Visual FrontEnd
(c) Classifier Backend

2. Viseme-to-Word Converter

Speech recognition can be performed by classifying individual lip movements and then mapping
these lip movements to possible spoken words whereby the most probable combination of words

mapping to these lip movements is outputted as the decoded result.

Visemes are the most fundamental units of visual speech and the work reported in this thesis
starts off with classification of individual isolated visemes from a limited number of different
speakers. In real time however, visemes would be uttered continuously whereby the boundary
of where a viseme starts and stops would be unknown so it was necessary to be able to decode

visemes in continuous speech.

To decode speech for a person speaking in real time, it would be necessary to predict the
words that had been spoken if the identity of the spoken visemes had been decoded. There is a
bottleneck that needs to be overcome when predicting words having decoded the spoken visemes
in that because multiple phonemes share identical visemes, one set visemes can correspond
to different possible combinations of words having been spoken. A language model, i.e., a
probability distribution over sequences of words must be used in performing the viseme-to-

word conversion; and it must be effective in:

1. Disambiguating between words that share identical visemes
2. Be robust to the possibility of visemes having been decoded incorrectly

Figure |3.3| shows an outline of the different components that make up the proposed lip reading

system. Videos are sampled into image frame and some preprocessing steps are implement.
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Part of the preprocessing involves locating the region-of-interest i.e. the lips within the image

frames and cropping them to leave only the region-of-interest.

The Visual Frontend is the component used for feature extraction where lip pixels are converted
into a lower dimensional and the Viseme Classifier classifies visemes based on the extracted fea-
tures. Once visemes have been decoded, the viseme-to-word detector classifies uses a language

model to classify the spoken words.

The proposed lip reading system utilises a ResNet architecture for Visual Frontend like that
of [105] and an Attention-Transformer similar to that of Vaswani et al. [137] except that the
decoder has been modified with Multi-Perceptron layers to take the form of a Linear Decoder.
Initially, a GPT transformer was used to predict sentences by matching words to visemes and
determining to most likely combination using perplexity [192] scores but this methodology was
then replaced with an attention-based GRU that directly predicts words based in the inputted

visemes.

Preprocessing | Visual | | Viseme | | Recognized Word

FrontEnd Classifier Visemes Detector Sentences

Figure 3.3: An overview of the proposed lip reading system.

3.6 Summary

The Literature Review has helped to identify knowledge gaps in existing research with regards
to speech data. Lip-reading systems will need to predict entire sentences with good accuracies
covering ever expanding vocabularies and so it would help to devise a lip-reading system that is
lexicon-free as lip-reading systems are becoming more generalized in predicting sentences with

thousands of different possible words.

A variety of different classification schema have been deployed where earlier classification net-

works encoded single words as a class and later networks have used ASCII characters to predict
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sentences covering huge lexicons. In theory, the use of phonemes and visemes could mean that
lip-reading systems could be lexicon-free whereby a lip-reading system could predict a word

spoken by an individual that did not appear in the training phase.

Other challenges inhibiting the progress of automated lip-reading still remain. These include
the need to predict unseen words, i.e. predict spoken words that did not appear in training
phase and are not covered by the lexicon as well as visual ambiguities where the semantic and
syntactic features of words can be learned for words that look the same when spoken. From
a visual perspective, there remains challenges such as speaker dependency, especially when
attempting to generalise to speakers who have not appeared in the training data; the need to
generalise to videos of varying spatial resolution and the need to generalise to videos of different

frame rates while consisting of varying quantities of temporal data.

The conclusions of this literature review has informed the focus of research in this thesis with a
new classification schema being used as part of the proposed lip-reading system in the form of
visemes with advantages and disadvantages to using visemes having been discussed. With the
emergence of large-scale databases and lip-reading systems covering vocabularies with thou-
sands of different words, there is a need to develop a speech recognition system that is lexicon-
free and not to constrained to a fixed-list of vocabulary. Even the ability to predict sentences
as a two-stage procedure regardless of whether one uses visemes or ASCII characters as the
intermediate stage has merit in that one can ensure that the sentences being predicted are

grammatically correct.
The key findings of the literature review are the following:
o Lip-reading systems have moved towards the use of deep learning for both feature extrac-

tion and classification due to both advances in networks and the availability of large-scale

databases

« Lip-reading systems tasked for word classification where every single word is encoded as

a class have attained very good performances

» Lip-reading systems tasked for predicting good accuracies for entire sentences which cover
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entire vocabularies have failed to attain good performances

The majority of lip-reading systems which are designed to predict sentences do so using

ASCII characters as a classification schema

The use of alternative possible classification schema to predict entire sentences is not

something that has been given much research attention

The use of ASCII characters as class do have limitations including the large number
of classes required, the need to have been pre-trained on a lexicon to have good word

coverage and the need for curriculum learning strategies.

Visemes are an alternative classification scheme with the following advantages: they use
fewer classes than visemes, can be generalised to predict speech from people speaking

different languages and they do not need pre-trained lexicons

Visemes however do suffer from the bottleneck not only is there one-to-many mapping
relationship between visemes and words, a small drop in viseme classification performance

significantly affects the word prediction performance

To predict words by classifying visemes requires both a good viseme classification perfor-

mance and an efficient viseme-to-word conversion performance

The viseme-to-word conversion not only requires a language model that is effective in
using semantic and syntactic information to accurately predict words but must also be

robust to the possibility
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Sentence Prediction using Visual Cues

This Chapter addresses Research Question 6: "Can a good overall performance be attained for
word classification when predicting sentences?" and presents a neural network-based lip reading
system that uses visemes as a classification schema. This chapter also addresses the question
"Can a good classification performance of individual visemes be attained?" fulfilling all of the
relevant criteria including the need to classify visemes from profile and frontal views, the need
to perform temporal alignment for visemes of varying duration where the start and stop time

is unknown, and the need to have good generalisation capabilities.

The prediction of sentences as a two-stage procedures with visemes being classified in the
first stage and words being predicted in the second stage raises the question "Can a language
model be implemented that is effective at converting visemes to words?". For words that have a
unique set of visemes(approximately half of words in the English language), the classification
performance of these words must in theory be perfect. For homopheme words, the conversion
model bust be effective at disambiguating between words that share identical visemes. The
speech recognition model reported in this Chapter attains good word accuracies for both words

with unique sets of visemes and homopheme words.

This Chapter is organised as follows: First in Section is the Chapter Introduction, then in
Section [4.2] details of all the components that make up the whole lip reading system including

pre-processing, visual feature extraction, viseme classification and word detection are given.

84
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In Section [£.3] the classification results for the overall lip reading system are discussed and
compared followed by concluding remarks given in Section [4.4along with suggestions for further

research.

4.1 Introduction

This chapter focuses on improving the accuracy of lip reading sentences and this is achieved
by using visemes as a very limited number of classes for classification, a specially designed
deep learning model with its own network topology for classifying visemes, and a conversion of

recognised visemes to possible words using perplexity analysis.

Using visemes for lip reading sentences has some unique advantages. The use of visemes as
classes in comparison to the use of either words or ASCII characters as classes requires an
overall smaller number of classes which alleviates bottleneck in the computation. In addition,
using visemes does not require pre-trained lexicons, meaning that a viseme-based lip reading
system can be used to classify words that have not presented in the training phase, and they can

be generalised to different languages because many different languages share the same visemes.

On the other hand, there are some specific issues to be considered when designing a viseme-
based lip reading system for sentences. The general classification performance for individual
segmented visemes has been less satisfactory in comparison to the classification of words due to
the fact that visemes tend to have a shorter duration than words. This results in there being less
temporal information available to distinguish between different classes, as well as there being
more visual ambiguity when it comes to class recognition [18]. One possible way to address this
problem is to significantly increase the training data available to enhance the system’s ability to
distinguish between classes, and this is why a high volume of training videos have been utilised.
Moreover, there is a direct conversion of recognised ASCII characters to possible words in a one-
to-one mapping relationship, whereas this one-to-one mapping relationship does not exist when
using visemes, because one set of visemes can map to multiple different sounds or phonemes.

This also means that once visemes have been classified, there is still the need to perform a
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viseme-to-word conversion. This approach also helps to distinguish between homopheme words
or words that look the same when spoken but sound different [193], a phenomenon that exists

because of the one-to-many mapping relationship between visemes and phonemes.

The proposed automated lip reading system contains a component to classify spoken visemes
from people speaking in silent videos, and a component to perform viseme-to-word conversions
using perplexity analysis [192]. The proposed model also has a good robustness to varying

levels of lighting.

4.2 Proposed Approach for Sentence Prediction

Given a silent video of a talking face, the objective here is to predict the sentences being
spoken by extracting their lip movements. In this Section, an overall architecture is proposed for
decoding visual speech illustrated in Chapter , Figure[3.3] The entire process consists of different
stages, starting off with a Data Preprocessing stage where the region of interest is extracted
from the videos using facial landmark detection to provide the input to the Visual Frontend.
The components of the overall architecture include: a spatial-temporal visual frontend that
inputs a sequence of images of loosely cropped lip regions, and outputs one feature vector per
frame; a sequence processing module known as the viseme classifier that inputs the sequence of
per-frame feature vectors and outputs a sequence of visemes, and finally a module that matches
visemes to words and predicts the uttered sentence using perplexity analysis. The performance
of the system is evaluated by comparing the sentences predicted by the lip reading system to
the ground truth of the spoken sentences and measuring the edit distance. In the following

Sections, details of the systems components are discussed.

4.2.1 Architecture

The overall system used for decoding speech consists of two separate neural network architec-

tures used to perform two different tasks. The first architecture is used for the task of viseme
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Figure 4.1: The breakdown stages of how sentences are predicted from silent videos.

Figure 4.2: The different transformer components with the fully connected layer on the left,

self-attention in the middle and feed-forward on the right.



88 Chapter 4. Sentence Prediction using Visual Cues

Random

Video Facial Greyscale . Central Horizontal Pixel z-Score
S . > Landmark | "~ | Scaling — . = = « | Frame P ..
ampling . Conversion Cropping Flipping «| | Shifting Normalisation
Extraction Removal
T
|
|
F-——------ e I
1 ! 1
Face Face Facial Landmark
Detection Tracking Detection

* Only performed during the training of the Visual Frontend.

Figure 4.3: The stages of video image pre-processing.

classification and consists of a spatial-temporal visual frontend in tandem with an attention-
based transformer and the predicted visemes provide the input of the next architecture. The
second architecture, also an attention-based transformer, is used to predict the spoken words
given the uttered visemes using a calculated metric called perplexity. As illustrated in Figure
A1) each of these modules are briefly described along with the overall framework for the lip
reading system. Both the viseme classifier and the word detector consist of common blocks in-
cluding fully connected layers, self-attention layers and feed-forward layers and the breakdown

of these three blocks is given in Figure [4.2]

The attention-transformer structure used in [137] has been changed to fit visemes, and this
will be discussed in [4.2.5] Unlike [137], there is no embedding layer, and the Decoder has been

altered with the final softmax layer trained on visemes instead of ASCII characters.

4.2.2 Data

The dataset used in this research is the BBC LRS2 dataset [17]. It consists of approximately
46,000 videos covering over 2 million word instances and a vocabulary range of over 40,000
words. The video with the longest duration has a length of 180 frames with every video
have frame rate of 25 frames per second. The dataset contains sentences of up to 100 ASCII
characters from BBC videos, with a range of facial poses from frontal to profile. The dataset is
extremely difficult due to the variety of viewpoints, lighting conditions, genres and the number

of speakers.
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Table gives a breakdown of the different sections of the BBC LRS2 data with statistics of
how many sentences there are, the number of word instances, the vocabulary range and the

ratio of profile to frontal videos in that particular section of the corpus.

Table 4.1: Statistics of BBC LRS2 dataset.

Split | Utterances | Word Instances | Vocabulary | Frontal/Profile Split (%)
Train 45839 329180 17660 64.8:35.2
Test 1243 6660 1697 63.5:36.5

4.2.3 Data Pre-processing

All the videos are pre-processed according to the stages given in Figure 2.7 Videos consist
of images with red, green and blue pixel values and resolution 160 pixels by 160 pixels; with
a frame rate of 25 frames/second. Videos are first sampled into image frames, then once the
videos are sampled, facial landmarks need to be located as the speaking person’s lips are the
region of interest and feature input to the visual frontend. The Single Shot MultiBox Detector
(SSD) [200], a CNN-based detector, is used for detecting face appearances within the individual
frames and to recognise facial landmarks according to the iBug [201] landmark convention of
68 landmarks, and it can be used on faces pointing at different angles. Landmarks are applied
according to the stages shown in Figure ?? with the face detected shown on the left, the face

being tracked in the middle and where facial landmarks are detected on the right.

The video frames are then converted to greyscale, scaled, and then centrally cropped around
the boundary of the facial landmarks resulting in reduced image dimensions of 112 x 112 x T’
dimensions (where T' corresponds to the number of image frames). Data augmentation in
the form of horizontal flipping, removal of random frames [202,[203|, and random shifts of up
to 45 pixels in the spatial dimension and £2 frames in the temporal dimension respectively,
respectively, are also applied. At the end, pixels are normalized with respect to the overall

mean and variance of every pixel in each frame.

Pre-processing is needed in order to ensure that the appropriate region of interest (ROI) can

be extracted as the input to the neural network with resolution 112 x 112 pixels that contains
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the lips. The ROI must also undergo greyscale conversion and z-score normalization. The
facial landmark detection described earlier has already been performed on every single video
contained within the BBC LRS2 corpus. Some of the pre-processing steps described in Figure
4 may not be necessary for this corpus, as the 112 x 112 set of pixels can be extracted through
central cropping of the original image frames with 160 x 160 pixels. The entire pre-processing
process would however be a necessity for a lip reading system that can be generalized to other

real-time applications.

4.2.4 Visual Frontend

The spatial-temporal visual frontend is based on [203]. The network applies a spatial-temporal
(3D) convolution on the input image sequence, with a filter depth of five frames, followed by a 2D
ResNet(composed of convolutional 2D layers) that gradually decreases the spatial dimensions
with depth. For an input sequence of T' x H x W frames, the output is a T" x g X ZZ X 512
tensor (i.e., the temporal resolution is preserved) and it is then average-pooled over the spatial
dimensions, yielding a 512-dimensional feature vector for every input video frame. Details of
the architecture for the Visual Frontend are given in Table [4.2] where the output dimensions of
each layer are given along with the filter dimensions and stride width(x2 refers to the number

of filters). Weights from the trained Visual Frontend network used in [105] has been applied in

this work and the Frontend used her is identical to that of [105].

Table 4.2: Details of spatial-temporal network for visual frontend.

Layer Type Filter Output Dimensions
3D Convolution [5x7x7,64]/(1,2,2) | 180 x 56 x 56 x 64
3D Max Pooling (1,2,2) 180 x 28 x 28 x 64

Residual 2D Convolution

[3x3,64] x 2/(1, 1

180 x 28 x 28 x 64

Residual 2D Convolution

S— | —

[3 x3,64] x2/(1,1

180 x 28 x 28 x 64

Residual 2D Convolution | [3 x 3, 128] x 2/(2,2) | 180 x 14 x 14 x 128

Residual 2D Convolution | [3 x 3,128] x 2/(1,1) | 180 x 14 x 14 x 128

Residual 2D Convolution | [3 x 3,256] x 2/(2,2) 180 x 7 x 7 x 256

Residual 2D Convolution | [3 x 3,256] x 2/(1,1) 180 x 7 x 7 x 256

Residual 2D Convolution | [3 x 3,512] x 2/(2,2) 180 x 4 x 4 x 512
[ ] x2/(1,1)

Residual 2D Convolution

3 % 3,512] x 2/

Y

180 x 4 x 4 x 512
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4.2.5 Viseme Classifier

Lip reading datasets consist of labels in the form of subtitles. These subtitles are strings of words
that need to be converted to sequences of visemes to provide labels for the viseme classifier. The
conversion is performed in two stages: first, they are mapped to phonemes using the Carnegie
Mellon Pronouncing Dictionary [204], and then the phonemes are mapped to visemes according
to Lee and Yook’s approach [35]. The mapping used can be found in Subsection of this
thesis. The attention transformer which predicts the spoken visemes from a person speaking
in a silent video uses 17 classes in total; these include the 13 visemes, a space character, start
of sentence (SoS), end of sentence (EoS) and a character for padding. All the defined classes
are listed in Table [£.3] All videos are padded to 180 characters.

The Transformer [137] model has an encoder-decoder structure with multi-head attention layers
used as building blocks. The encoder used is a stack of self-attention layers, where the input
tensor serves as the attention queries, keys and values at the same time. The decoder here
consists of 3 fully connected layer blocks structured as shown in Figure [{.4} and each fully
connected layer blocks consists of a dense layer, batch normalisation, rectilinear unit function
and a dropout layer of probability 0.1. The dense layer within the middle fully connected
layers consists of 2048 nodes while the dense layers within the first and last fully connected
layer blocks only contain 1024 nodes. The decoder produces viseme probabilities which are
directly matched to the ground truth labels and trained with a cross-entropy loss. The encoder
follows the base model of [137] with 6 layers, model size 512, 8 attention heads and dropout

with probability 0.1.

However, it should be noted that the decoder utilised in this work follows a completely different

structure from that of [105] for the following reasons:

1. There are no embeddings;

2. The predicted labels from the previous timestep are not fed into the decoder as it is

assumed that visemes do not have the conditional probability relationship that ASCII
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characters have. This means that no teacher forcing is used whereby the ground truth of

the previous decoding step has to be supplied as the input to the decoder.; and

3. Tt is only the decoder and dense layer that differ, so the trained weights from [105] have
been used and applied to both the visual frontend and encoder, where only the decoder

layers and dense layers are trained.

Table 4.3: Classes used by Viseme Classifier.
[ [pad], AA, AH, AO, CH, ER, EY, F, IY, K, P, T, UH, W, <sos>, <eos>, [space] ]

Viseme Probabilities

Linear, Softmax

N ...

Fully Connected
Layer (1024 nodes)

E | i
E Fully Connected |
'| Layer (2048 nodes) |

Fully Connected
Layer (1024 nodes)

Feed-Forward

Self-Attention

ncoder

Possible Visemes

Figure 4.4: The architecture of transformer for the Viseme Classifier.

Because the encoder has an identical topology to that used by [105], the trained weights from
their model have been applied to here and it is only the decoder and the final softmax layer in
Figure that are to be trained. During the training phase, the Adam optimiser [205] is used

with default parameters and initial learning rate 10~3, reducing it on plateau down to 10~* and
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all operations are implemented in TensorFlow and trained on a single GeForce GTX 1080 Ti

GPU with 11GB memory.

4.2.6 Word Detector

The outputted visemes from the viseme classifier need to be further converted to meaningful
sentences or strings of words. Every word in a sentence contains a set of visemes and therefore
can be mapped to a cluster of visemes, such that a cluster of visemes is a set of visemes which
make up a word. Once visemes have been classified, the viseme-to-word conversion process
needs to be performed. Because a cluster of visemes can map to several different words, the
combination of the words that were uttered by the speaker still needs to be deciphered. The
solution to the problem is to select the most likely combination of words. The general procedure

for converting visemes to words with different stages is given in Figure [4.5]

Recognized Word Decoded
Visemes Detector Sentences
Word Perplexity
Lookup Calculations

Figure 4.5: The components of the Word Detector.

The first stage of the Word Detection is the World Lookup stage. Every single cluster of visemes
needs to be mapped to a set of words containing those visemes according to the mapping given
by the Carnegie Mellon Pronouncing (CMU) Dictionary. However, if there are clusters where
no match is found, a cluster in the dictionary that most closely resembles it is used instead and
the words mapping to that cluster are used. The resemblance is determined using Levenshtein

distance [206] and the cluster in the CMU dictionary with the smallest value is chosen.

Once the word lookup stage is performed, the next stage of Word Detection is the Perplexity
Calculations. The different possible choices of words that map to the visemes are combined, and
iterations are performed to determine which combination of words is most likely to correspond

to the uttered sentence, given the visemes recognised. Naturally, the sentence that is most
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grammatically correct will have the highest likelihood [207] and perplexity is one metric that
can be used to compare sentences to determine which is most grammatically sound. The
rationale behind perplexity is discussed later with an even more detailed description about
how perplexity analysis is used to convert viseme to words. The following rules are used when
predicting sentences and they are based on determining which combinations of words have the

greatest likelihood according to probabilistic information theory:

1. If a viseme sequence has only 1 cluster matching to one word, that one word is selected

as the output.

2. If a viseme sequence has only 1 cluster matching to several words, that word with largest

expectation is selected as the output.

3. If a viseme sequence has more than 1 cluster, the words matching to the first two clusters

are combined in every possible combination for the first iteration.

(a) The combinations with the lowest 50 perplexity scores are kept.

(b) These combinations are in turn combined with the words matching to the next

viseme cluster.

(¢) The combinations with the lowest 50 perplexity scores are kept and the iterations
continue for the remaining clusters of the sequence until the end of the sequence is

reached.

The selection of the lowest 50 perplexity scores at each iteration is based on an implementation
of a local beam search with width 50. In practice, it would be computationally expensive to
do an exhaustive search so a beam search has been implemented to reduce the computational
overhead, and the beam width is an arbitrary figure chosen as a compromise between accuracy

and computational efficiency.

Egs. to below describe the probabilistic relationship between the observed visemes and
the words spoken; where V is the spoken sequence of viseme clusters, v; corresponds to every

ith cluster, We represents any given combination of words and w; corresponds to every ith
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word within the string of words. The string of words W that is to be selected will be the
combination that has the maximum likelihood given the identity of the viseme clusters for
every combination C' that falls within the set of combinations C*. The sequence of visemes
clusters given in Eq. maps to any possible combination of words as given in Eq. and
the solution to predicting the sentence spoken is the combination of words given the recognised

visemes which has the greatest probability as expressed in Egs. and [4.4]

V= (vl,UQ,...,vN):iV:vi (4.1)
i=1
N
We = (wy, wy, ..., wy)c = ;wi (4.2)
W == arg max [P(W[V)] (4.3)
Wy, Wa, ..., Wy = arg r&%a([P(wl,wg, s WN |1, Ve, o UN )| (4.4)

If the identity of observed visemes is known, the probability of the viseme sequence in Eq.
is equal to 1, resulting in the expression in Eq. [£.5] The choice of words predicted according

to Eq. [£.4] gets reduced to the expression given in Eq. [4.6]

P(vy,v9,...,0n) =1 (4.5)

Wy, Wa, ..., WN :argr&%ﬁP(wl,wQ,...,wN)]C (4.6)
Eqgs. to below describe the relationship between the perplexity PP, entropy H and
probability P(wy,ws,...,wy) of a particular sequence of N words (wy, wsy, ...,wy). The word
detector consists of a trained attention-based transformer for calculating PP expressed as
the exponentiation of H in Eq. 4.7, The per-word entropy H is related to the probability
P(wy,ws, ...,wy) of words (wq,ws, ..., wy) belonging to a vocabulary set W, and is calculated
as a summation over all possible sequences of words. If the source is ergodic, the expression
for H in Eq. gets reduced to that in Eq. (ergodicity can be assumed on the basis that

a language model can be used even if it has not been exposed to every single possible word
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that has ever been spoken). The value of P(wy,ws, ...,wy) resulting in the choice of words
selected as the output for Eq. [4.6also results in the minimisation of entropy in Eq. [£.9] further

resulting in the minimisation of perplexity given in Eq. [4.10]

PP = eH (4.7)
F[:_]\}gréonlug:wNP(wlaw%- ,w) In P(wy, wy, ..., wy) (4.8)
B =~ 1n P(wy, ws, ..., wy) (4.9)

~ (4.10)

A language model, i.e., a probability distribution over sequences of words, can be measured on
the basis of the entropy of its output from the field of information theory [208]. Perplexity is
a measure of the quality of a language model, because a good language model will generate

sequences of words with a larger probability of occurrence resulting in a smaller perplexity.

The Transformer model used for the word detector is the pre-trained Generative Pre-Training
(GPT) Transformer [183] - a multi-layer decoder and a variant of the transformer used in
[137]. It consists of repeated blocks of multi-headed self-attention followed by position-wise
feedforward layers. The architecture is typically used for sentence prediction; however, the
architecture itself here is not used for direct classification, rather its purpose is for perplexity
calculations that are required for word selection where visemes are converted to words. Visemes
from the previous step are sequentially matched to words and the most probable sentence is
chosen according to that with the minimum perplexity score. The perplexity score is calculated
by taking the exponentiation of the cross-entropy loss when the GPT is evaluated on a sentence

and like in [27], a beam width of 50 has been used.



4.2. Proposed Approach for Sentence Prediction 97

4.2.7 Illumination

To test the proposed lip reading system’s robustness to changes in lighting, the overall architec-
ture, once trained, has been evaluated on videos from the testing set under levels of illumination.
[llumination has been applied by varying the pixel brightness. It is after the video sampling
stage of the pre-processing described in that illumination is applied to the image frames.

The overall process is described in Figure [4.6]

Image | | Pixel | Gamma | | Pixel Corrected

—>

Frames Normalisation Correction Renormalisation Image Frames

Figure 4.6: Stages for applying illumination.

Image frames of videos from the dataset consist of red, blue and green pixel components with
numerical values ranging from minimum intensity 0 to maximum intensity 255. Pixel normal-
isation is the first stage of the procedure and this involves minimum-maximum normalisation
of all pixel values where pixel values are mapped from the range [0,255] to [0,1]. Once this is
done, a gamma correction is applied where pixel values are corrected according to Eq. .11}
where [ is a matrix of pixels, v is scalar value and O is the resulting matrix of pixels after the

gamma correction has been applied:

O=1" (4.11)

Values of v that are less than 1.0 will cause images to darken whereas values of v that are greater
than 1.0 cause images to brighten. Figure[4.7]gives examples of images with the standard image
(v = 1.0) on the left, the darkened image in the middle (7 = 0.5) and the brightened image on
the right (v = 1.5). The gamma corrections applied have utilised 7 values ranging from 0.5 to
1.5.

After applying the gamma correction, pixels undergo re-normalisation where all pixels values

are mapped back from from the range [0,1] to the range [0,255].
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Figure 4.7: Images under varying illumination with standard image on the left, darkened image
in the middle and brightened image on the right.

4.3 Experiments and Results

For training and evaluation of the viseme classifier, the BBC LRS2 dataset described in [4.2.2]
has been used with 45839 sentences for training and 1243 sentences for testing. All components
of the model are evaluated on the LRS2 test set. The metrics reported include VER, CER,

WER, SAR and the total overall training time.

The viseme classifier was trained for a total of 2000 epochs and it was at the point that the
validation loss(loss function evaluated on the test set) started to become saturated, and when
no further convergence was recorded that the model was evaluated. Plots for the loss and VER

for both training and validation are given in Figures [£.8 and [4.9]

The results are summarized in Table 4.4 As shown in the Table, the overall WER of 35.4% is
a reduction of almost 15% compared to the 50% achieved in a previous state-of-the-art model
trained and evaluated on the same dataset; and thus, improvement on the overall word accuracy

to 64.6%. The accuracy by visemes was also very high with a VER of only 4.6%. The confusion
matrices by both visemes and ASCII characters are given in Figures and [4.1T], respectively.

Table gives the performance metrics for how the proposed lip reading system and Afouras et
al’s model [105] performed when videos in the validation set were subjected to different levels of
illumination, applied to in accordance with [£.2.7 It can be seen that the proposed lip reading
system is generally robust to varying levels of illumination, like that of Afouras et al [105] and
this is expected given that videos in the BBC LRS2 corpus were recorded in varying lighting

conditions.

In order to attain a good overall accuracy for classification of words, both the viseme classifica-
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Figure 4.8: Loss curve for training and validation.
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Figure 4.9: VER curve for training and validation.

Table 4.4: The performance results of lip reading sentences.

Validation Samples

Parameters

VER(%)

CER(%)

WER(%)

SAR(%)

CPU Time

1243

4,748,305

4.6

23.1

35.4

33.4

37 hours

Table 4.5: The performance of proposed system under varying illumination.

Gamma Visual Lip Reading System Afouras et al.
VER(%) | WER(%) | SAR(%) | CER(%) | WER(%) | SAR(%)
0.5 5.4 41.5 21.8 35.8 53.9 18.4
0.8 5.0 37.9 28.5 33.9 51.0 20.3
0.9 4.7 35.7 32.7 33.7 50.9 20.6
1 4.6 35.4 33.4 33.7 50.8 20.8
1.1 4.7 35.6 32.9 33.7 50.8 20.2
1.2 4.9 374 29.4 34.1 51.4 20.6
1.5 5.3 40.5 23.7 36.2 51.4 20.2
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Figure 4.10: Confusion matrix for classification of visemes.
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Figure 4.11: Confusion matrix for classification of ASCII characters.
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tion performance and the viseme-to-word conversion performance need to be good. The VER
is very low and any misclassifications that have occurred during the validation phase appeared
to be influenced by the class imbalance of visemes present in the training data. When visemes
are misclassified, they are most likely to be decoded as one of "AH", "K" or "T" because such
visemes appear most frequently in training data and obscure classes such as "AA" and "CH"

are the most likely to be misclassified.

1.0

0.8

0.6

True label

- 0.4

- 0.2

Predicted label

Figure 4.12: Word confusion matrix for Afouras et al’s model.

Table gives examples of sentences from the BBC LRS2 dataset along with the decoded
visemes, the word combinations that were outputted at each iteration of the perplexity cal-
culations, and the viseme clusters corresponding to each predicted word. Table [4.7] gives the
full details of how those sentences were decoded by listing their corresponding visemes, the

predicted visemes, the decoded sentences and their corresponding metric performance results.

A stratified sampling strategy was used to select the most frequently appearing 154 words in
the BBC LRS2 training set that begin with each letter of the alphabet. For the selected 154

words, a comparison of the accuracy in terms of ratio of how many times a word was correctly
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Figure 4.13: Word confusion matrix for the proposed lip-reading system.

decoded to how many times it appeared in the testing phase has been presented in Figures
and Figure [4.12] shows the word accuracy for Afouras et al’s model and Figure [£.13| shows

the accuracy for this lip reading system. A better word precision is noticeable in Figure 4.13

It should be noted that, whilst the VER was low, the WER was still high although it has
been significantly improved compared to other existing works. To further reduce the error rate,
the viseme-to-word conversion would need to be optimised. Many misclassifications have been
caused by the presence of local optima during the implementation of the local beam search,
whereby at each iteration of the viseme sequence during the perplexity calculation stage, the
words that make up the ground truth are not included within the top 50 results. A large beam
with would invariably result in a greater conversion rate, but at the expense of using more
computational overhead and an exhaustive search would not even be viable. Further work
needs to be done to ensure that the global optimum combinatorial solution is selected more

frequently during the Perplexity Calculation stage to further improve on word accuracy.
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A viseme-based lip-reading system would be expected to predict words with unique visemes to
near 100% accuracy if visemes were decoded correctly. Table [4.8|gives the distribution of words
in the LRS2 test set that either have or do not have unique visemes, while Figure below
gives the percentage ratios of both viseme clusters and words from the LRS2 validation set
being classified correctly for the cases of words with unique visemes and for homopheme words.
Though approximately half of words in English are homopheme words, words with unique sets
of visemes tend to be more obscure and this is why the relative distribution between words with
unique visemes and words without visemes in the test set is imbalanced. Theoretically, eventual
word classification is expected to be higher for words with unique visemes than homopheme
words because there is no one-to-many mapping for the viseme-to-word conversion once visemes
have been predicted correctly and this explains why word accuracy is higher for words with

unique visemes as shown in Table

Table 4.8: Distribution of word with either unique or non-unique visemes in the LRS2 test.

Word Categor Total Viseme Clusters Words predicted | Viseme Cluster ‘Word
EOY | Words | predicted correctly correctly Accuracy(%) | Accuracy(%)
Homopheme Words 3696 3235 2348 87.5 63.5
Words with 570 449 471 78.8 82.6
Unique Visemes

mmm Viseme Clusters
. Words

801

60 4

Percentage(%)

0

Homopheme Words Words with Unique Visemes

Figure 4.14: Accuracies for words and viseme clusters with unique and non-unique sets of
visemes

For words in the validation set with unique visemes, the ratio of words being predicted correctly
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is nearly identical to the the ratio viseme clusters being predicted correctly which is expected
given that the set of visemes can only correspond to one possible word. The occurrence of
unique sets of visemes being incorrectly matched is down to error propagation in the conversion
model whereby incorrectly predicted words in the output sequence can cause other words in

the sequence to be predicted incorrectly.

As well as being robust to varying levels of illumination, the viseme classifier has been trained
and tested on samples with different ratios of testing samples to training samples. The majority
of lip reading systems that were trained on the BBC-LRS2 dataset used a ratio of 2.71% but
this is too small a ratio. The model was trained and tested on 4 different scenarios where by
the ratio of test samples to train samples was increased from 10% to 40% keeping the total
number of samples to the same figure of 47801. The best validation results attained have been
shown in Table 4.9|and for each scenario, the viseme classifier was trained using 2000 iterations

with learning curves shown in Figures to [4.18

Table 4.9: Performance of viseme classifier under different test to train ratios.

Ratio(%) | Train Samples | Test Samples | Best validation VER(%) | VAR(%) | WER
2.71 45839 1242 4.64 95.36 35.4
10.00 42373 4708 4.88 95.12 36.1
20.00 37665 9416 9.07 90.93 92.6
30.00 32957 14124 18.63 81.37 123.2
40.00 28249 18832 30.80 69.20 129.8

The best validation output for the viseme classifier at each ratio was used as the input to the
Word Detector which is why a WER metric is also given in Table [£.9] The best validation
accuracy for the viseme classifier does not change significantly when the the number of training
samples is reduced. However a significant drop in the performance accuracy of the word detector
is noticeable which further confirms that the word detector used is not robust to confused or

incorrectly classified visemes.
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Figure 4.15: VER curve for training and validation for ratio 10%.
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Figure 4.16: VER curve for training and validation for ratio 20%.
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Figure 4.17: VER curve for training and validation for ratio 30%.
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Figure 4.18: VER curve for training and validation for ratio 40%.

4.4 Summary

A neural network-based lip reading system has been developed to predict sentences covering
a wide range of vocabulary in silent videos from people speaking. The system is lexicon-free,
uses only visual cues represented by visemes of a limited number of distinct lip movements,
and is robust to different levels of lighting. Verified on the BBC LRS2 data set, the system has
demonstrated a significant improvement on classification accuracy of words compared to the

state-of-the-art works.

In addition, an efficient conversion of visemes to words is crucial when using visemes as classifi-
cation scheme for lip reading sentences. As shown in the experiments, although the classification
accuracy of visemes achieved by the proposed system was very high (over 95%), the classifi-
cation accuracy of words was significantly dropped after the conversion (65.5%). As such,
it is important to explore any other possible approaches for the conversion. For perplexity
analysis-based conversion, different global optimisation methods need to be considered while

also limiting the computational overhead required.



Chapter 5

Viseme-to-Word Conversion with

Robustness

This Chapter addresses the question "Can a language model be implemented that is robust to
confused visemes?". It presents a comparison of possible approaches used for viseme-to-word
conversion and presents converter that is an improvement on the converter used in Chapter 4]in
that it is more robust to misclassified visemes and quicker to execute. The converter described
in Chapter [4] is robust to variations in lighting and pixel changes but it is not robust to the
possibility of visemes being incorrectly decoded. The model proposed uses an attention-based
language model that has been demonstrated to be effective at discriminating between words

that are syntactically and semantically different compared with traditional language models.

A language model implemented in a viseme-based lip-reading system must be robust to the
possibility of confused or incorrectly classified visemes. The language model used for predicting
spoken words must be prone to not only the possibility of visemes not being classified correctly,
but also that words at any point in sequence being predicted must prone to the possibility of

earlier words in the sequence not being predicted correctly.

The rest of this Chapter is organised as follows: First in Section an Introduction is given.
Then in Section [5.2] all the distinct components that make up the viseme-to-word conversion

process are described including: the principle of perplexity analysis, the neural network used for

109
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performing viseme-to-word conversion, the data augmentation techniques used for modelling the
converter’s robustness to noise, and the accuracy metrics used to evaluate the performance of
the word detector. In Section [5.3] the performance of the proposed word converter is discussed
and compared with other approaches, followed by concluding remarks given in Section along

with suggestions for further research.

5.1 Introduction

The overall performance of a viseme-based lip-reading sentences system has been significantly
affected by the efficiency of the conversion from visemes to words. A high accuracy for classi-
fication of visemes can be achieved such was reported in Chapter |4 where a viseme accuracy
rate of more than 95.4% was recorded. However, the overall accuracy of word classification was
dropped down to 64.6%. The underlying cause of this phenomenon is the existential problem
whereby one set of visemes can map to multiple different sounds or phonemes resulting in a
one-to-many relationship between sets of visemes and words. As such, it becomes critical to
design efficient strategies for viseme-to-word conversion in order to develop practically useful

viseme-based lip-reading systems.

In this chapter a viseme-to-word converter is proposed for effectively distinguishing between
words sharing identical visemes and its performance is compared with three other approaches.
Compared with other approaches [175] [173] [31] [182] [143], the proposed approach is more
robust to the possibility of misclassified visemes in the input, and its robustness is demonstrated
by adding perturbations to the input visemes and comparing the outputs to the ground-truth.
Moreover, the converter is implemented in a deep learning network-based architecture for lip
reading sentences from the BBC LRS dataset and it attained an improved performance of over
15% on other lip reading systems evaluated on the same corpus such as Ma et al. [104](who

achieved a word accuracy of 62.1%) and Fenghour et al. [159](who achieved a word accuracy

of 64.6%).

The rationale behind the comparison of four models is to compare conversion approaches from
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three different categories of conversion implementation previously discussed in Section [3.4] One
of the approaches uses a statistical language model with a fixed-context window while another
of the approaches uses a feed-forward neural network with a fixed-context window. The other
two approaches use neural language models but one of these approaches is known to perform
poorly when there are incorrectly classified visemes as inputs because the predicted output is

vulnerable to error propagation.

The best proposed approach has been theoretically and experimentally verified. It is shown
to be more effective at discriminating between words sharing visemes that are either semanti-
cally and syntactically different because unlike other approaches that only use context from a
fixed-window, the proposed approach uses unlimited context to detect semantic and syntactic
information needed for the disambiguation. The proposed approach is also shown to be some-
what robust to incorrectly classified visemes due to its ability to model both long and short

term dependencies.

5.2 Methodology

Given a sequence of visemes, the objective is to predict the possible sentence spoken by someone
given that only the lip movements or visemes of the person speaking are known, and given that
there is the possibility of an error or misclassification in the input viseme sequence. In this
Section, an overall framework is proposed for the viseme-to-word conversion with a component
for testing its robustness to misclassified viseme sequences. The entire process consists of
two main components: a viseme-to-word conversion model for performing the viseme-to-word
conversion and a noisifying component for performing data augmentation to vary the errancy
of the input visemes. The performance of the system is evaluated by comparing sentences
predicted by the viseme-to-word converter, to the ground truth of the actual sentences and then
measuring the edit distance [39] (which is the minimum number of character-level operations

required to correct the actual sentence to the ground truth).

One aim of this work is to model and improve upon the performance of viseme-to-word con-
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version reported in another work [159] - particularly with attention to misclassified visemes
because the word detector used relies on visemes being decoded with 100% precision. In addi-
tion to modelling the robustness of the viseme-to-word converter, the conversion performance
attained is also sufficient to solve the problem of why visemes are not widely used as a classifica-
tion schema in lip-reading, which is down the performance of viseme-to-word conversion being
inadequate because of the failure to pick up on semantic and syntactic information needed to
distinguish between words that share identical visemes (as discussed in Subsection [3.4.3)). Four

models have been utilised to convert visemes to words directly, and these include the following:

An attention-based sequence model using GRUs

A GPT-based iterator that uses perplexity scores

A Feed-Forward Neural Network

A Hidden Markov Model

Figure [5.1] outlines the framework of a lip reading system that uses solely visual cues. This
framework comprises of a viseme classifier followed by a viseme-to-word converter where an
image-based classification system takes image frames of a person’s moving lips to classify
visemes. Once the visemes have been recognised, a word detector uses the output of the viseme
classifier as the inputs in order to determine which words were spoken. For the conversion of
visemes to words, a variety of sequence modelling networks could be used to determine the

most likely set of words to have been uttered given the visemes that had been decoded.

Some sequence-modelling approaches are prone to the possibility that one incorrectly decoded
word causes other words in the rest of the outputted sequence to also be predicted incorrectly.
This is why for the purpose of evaluating the robustness of a viseme-to-word converter, data
augmentation techniques are used to add noise to viseme sequence using techniques that include
deletion, insertion, substitution, and swapping so as to model the performance of the viseme-
to-word converter under varying levels of noise. The augmentation or noisification techniques

are described in more detail in Subsection However, robustness performance results
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have only been reported for the GRU model and GPT-based iterator because the priority of a

viseme-to-word converter is its efficiency.

Overall, there are three instances that the viseme-to-word detection’s performance is being
reported. For all three of these instances, their respective performances will be compared with

the perplexity-based viseme-to-word converter discussed in Subsection [5.2.3]

1. Visemes with 100% accuracy where the identity of spoken visemes are known;
2. The outputs of the viseme classifier reported in [159];

3. Perturbed visemes with added noise whereby the errancy is varied.

Modelling System

. 1 | Decoded Sentences | | Decoded Sentences |'
N Viseme-to- : Word |
L Word Converter E Detector i
t ' | Perturbed Visemes E Recognized Visemes E
LI} 1 1
e "

. | Data Augmentation | : Viseme Classifier

i Actual Visemes E T

Figure 5.1: Modelling of viseme-to-word conversion.

5.2.1 Data

The dataset used is the BBC LRS2 dataset [17]. It consists of approximately 46,000 videos
covering over 2 million word instances, a vocabulary range of over 40,000 words and sentences
of up to 100 ASCII characters from BBC videos. This chapter is all about modelling how
robust the viseme-to-word converter is to noise and misclassifications, so the details about the

videos will not be discussed here. Additionally, videos from the LRS3-TED dataset [40] which is
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similar to the LRS2 dataset has also been used for the scenario of visemes with 100% accuracy
where the identity if spoken visemes are known. This dataset is more challenging because the
sentences are on average longer in length and it consists of a vocabulary covering over 50,000

possible words.

Lip reading datasets like BBC LRS2 consist of labels in the form of subtitles. These subtitles
are strings of words that need to be converted to sequences of visemes to provide labels for
the viseme classifier. The conversion is performed in two stages: first, they are mapped to
phonemes using the Carnegie Mellon Pronouncing Dictionary [204], and then the phonemes
are mapped to visemes according to Lee and Yook’s approach [35]. The GRU-based viseme-to-
word converter uses 17 classes or input tokens in total; these include the 13 visemes, a space
character, start of sentence (SoS), end of sentence (EoS) and a character for padding. All the
defined classes are listed in Table 5.1} All viseme sequences are padded to 28 characters which

is length of the longest viseme sequence.

There is no official standard convention for defining precise visemes or even the precise total
number of visemes and different approaches to viseme classification have used varying numbers
of visemes as part of their conventions with different phoneme-to-viseme mappings [35] [36] |32]
[33] [30] [34]. All the different conventions consist of consonant visemes, vowel visemes and one
silent viseme but Lee and Yook’s [35] mapping convention appears to be the most favoured
for speech classification and it is the one that has been widely utilised for this thesis. It is
however accepted that there are multiple phonemes that are visually identical on any given

speaker (23] [22].

For the classifier, an output token will be assigned for every single word that is contained within
sentences that make up labels for the training data and there will be four additional tokens
"<start>", "<end>", "<pad>" and "<unk>". The "<start>" token gets appended to the start
of every sentence with the "<end>" token being appended to the end of every sentence, while

"<unk>" is a token for modelling any words that do not appear in the training phase.

Table 5.1: Viseme Classes used for input to viseme-to-word converter [35].
] [pad], AA, AH, AO, CH, ER, EY, F, IY, K, P, T, UH, W, <sos>, <eos>, [space| |
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5.2.2 Viseme Classifier

The Viseme Classifier used is identical to that used in [159] and it relies on the same Prepro-
cessing and Visual Frontend. Videos consist of images with red, green and blue pixel values
and a resolution of 160 pixels by 160 pixels; plus a frame rate of 25 frames/second. Identical
pre-processing is used whereby videos go through the same stages of sampling, facial landmark
extraction, grayscale conversion, and cropping around the boundary of the facial landmarks.
Image data augmentation is then applied in the form horizontal flipping, random frame removal
and pixel shifting; which is then followed by z-score normalisation. This results in reduced im-
age dimensions of 112 x 112 x T" dimensions (where T corresponds to the number of image

frames).

The viseme classifier itself follows the transformer [137] architecture with an encoder-decoder
structure using multi-head attention layers used as building blocks albeit with modifications
to the decoder topology. The encoder used is a stack of self-attention layers and the decoder
consists of 3 fully connected layer blocks. The viseme classifier takes pre-processed images of
lips as input to predict sequences of visemes following the 17 classes referred to in Subsection
[.2.1] The network was trained on all 45839 training samples of the BBC LRS dataset with

1243 samples used for validation.

5.2.3 Viseme-to-Word Converters

To demonstrate the effectiveness of neural language models with unlimited context, the per-
formance of an Attention-based GRU has been compared with two other conversion models,
each of which are representative of viseme-to-word conversion models from the two categories
listed in Figure of Subsection , and these include a bigram Hidden Markov Model(to
represent statistical language models) and a Feed-Forward Model(to represent neural language
models with a fixed window). A third model in the form of a GPT-based iterator has also
included for comparison in performance to demonstrate the Attention-based GRU’s robustness

to incorrectly classified visemes.
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Hidden Markov Model

The Hidden Markov Model(HMM) is similiar to that used by Vogel et al. [209] which was used
for a statistical machine translation task. Visemes can be modelled as individual visemes or
as clusters where groups of visemes make up a word. Unlike the approaches of works reported
in [181] and [159], this approach classifies words based on sequences of individual visemes. The
HMM uses a bigram language model to predict words given the inputted visemes corresponding
to one of 17 tokens, and the language model is accompanied with Laplace smoothing and a

Katz backoff. The bigrams used to train the model are all extrapolated from one of either the

LRS2 and LRS3 training sets.

Feed-Forward Neural Network

The feed-forward neural network used implements a language model similar to that of Bengio et
al |179] and uses a context window of the same size as the HMM model. The networks consists
of a dense layers with 1024 nodes plus a softmax layer with classes corresponding to all possible
tokens contained within one of the LRS2 and LRS3 datasets. The network is trained using the
cross-entropy loss function with the training set split into batches of 64 samples each. During
the training phase, the Adam optimiser [205] is implemented with default parameters(8; = 0.9,
By = 0.999 and € = 1078) and initial learning rate 1073. A curriculum learning strategy is used
to train the network much like the training performed for Chung et al’s model [181]. For the
first iteration, sentences are clipped to one word followed by two words in the next iteration,
then three words, then four, and finally the full length of sentences. The rationale behind this
is to better learn the grammatical structure of word combinations found in natural language

by being able to learn N-grams of variable lengths.

GPT-based Iterator

For a spoken sequence of visemes V' = (vy,vs, ..., vy) where v; corresponds to every ith viseme,

W = (wy,wy, ..., wy) represents any given combination of words that map to those visemes
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and w; corresponds to every ¢th word within the string of words. Given that visemes have a
one-to-many mapping relationship with phonemes which results in a situation of a cluster of
visemes that map to several different words, it is expected that the combination of words that
are most likely to have been uttered would be the combination that is most grammatically
correct and thus the combination with the greatest likelihood of occurrence. The string of
words W that is expected to have been uttered for a set of visemes would be the combination
that has the greatest likelihood. A set of visemes V' can map to any combination of words
W¢ for a combination C' that falls within the overall set of combinations C*. The solution to
predicting the sentence spoken is the combination of words given the recognised visemes which

has the greatest probability as expressed in Eq.

v

W = arggl%{:P(WdV) (5.1)

Perplexity is a measure of the quality of a language model, because a good language model
will generate sequences of words with a larger probability of occurrence resulting in a smaller
perplexity. The Perplexity-based Word Detector of [159] maps cluster of visemes to words

through an iterative procedure.

The word matching is performed in different stages shown in Figure and the World Lookup
stage is the very first stage. This is where every single cluster of visemes needs to be mapped to
a set of words containing those visemes according to the mapping given by the Carnegie Mellon
Pronouncing (CMU) Dictionary [204]. Once the word lookup stage is performed, the next stage
of Word Detection is the Perplexity Calculations. The numerous possible choices of words that
map to the visemes are combined, and perplexity iterations are performed to determine which
combination of words is most likely to correspond to the uttered sentence, given the visemes
recognised.

The word detector uses the GPT to calculate perplexity by taking the exponential of the
cross-entropy loss for a particular combination of words. Egs. to below describe the
relationship between the perplexity PP, entropy H and the probability P(wy,ws,...,wy) of a

particular sequence of N words (wy, ws, ..., wy) [208]. PP can expressed as the exponentiation of
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Recognized Word Decoded
Visemes Detector Sentences
Word Lookup Perplex.|ty
Calculations

Figure 5.2: Processes of word detector.

entropy H in Eq. . The per-word entropy H is related to the probability P(wq,ws, ..., wy)
of words (wy,ws,...,wy). The value of P(wy,ws,...,wy) that results in the choice of words
selected as the output is that which results in the minimisation of entropy in Eq. [5.3], further

resulting in the minimisation of perplexity given in Eq. [208].

PP =c" (5.2)

N 1
H = —NlnP(wl,wQ,...,wN) (5.3)

z2l=

PP = P(wy,ws, ..., wN)~ (5.4)
When performing a conversion of visemes to words, some selection rules are implemented shown
in Algorithm [I} If a viseme sequence has only 1 cluster matching to one word, that one word
is selected as the output; whereas if a viseme sequence has only 1 cluster matching to several
words, the word with largest expectation is selected as the output. This is determined by word
rankings found in the Corpus of Contemporary American English(COCA) [35]. If a viseme
sequence has more than 1 cluster, the words matching to the first two clusters are combined
in every possible combination for the first iteration and the combinations with the lowest 50
perplexity scores are kept. If there are more clusters in the sequence to be matched, then these
combinations are in turn combined with the words matching to the next viseme cluster keeping
combinations with the lowest 50 perplexity scores at each iteration until the end of the sequence
is reached. The selection of the lowest 50 perplexity scores at each iteration is based on an

implementation of a local beam search with width 50.

One advantage of the language model used by GPT-based iterator is that when predicting a
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Algorithm 1 Rules for Sentence Prediction

Require: Viseme Clusters V, Beam With B, Coca Rankings C, Word Lex-
icon mapping L, Predicted Output O, Perplexity scores for sentences ps

if V.length =1 and Ly .length = 1 then
Select 1 Word Match

O« Ly

if V.length =1 and Ly .length > 1 then
Select Highest ranked word according to COCA

O + C Y (max{C} : w)

if V.length > 1 then
Exhaustively combine words matching to V,,—o.

Select Combinations with lowest B Perplexity scores for V,,—.
ps < mingep {s: PP(s)}
sents < p;H(PP(s) : s)

for For n =2, n < V.length, n + + do
Ly < Perform word matches for V,

Combine sentences from sents with words from Ly
Select Combinations with lowest B Perplexity scores
ps < mingep {s: PP(s)}
sents < p;Y(PP(s) : s)

ps < min{s: PP(s)}

O « p;Y(PP(s) : s)
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word at a particular timestep, it is able to base the prediction on all previous words predicted
in the sentence. For a sentence of K words, the choice of the K’th word can be conditioned on
all the previous K — 1 words as a context which makes it a better implementation of Markov
chains(Eq. . One disadvantage of this is that for long sentences, it would create more
computational overhead but it also make the model more prone to errors if one word in the
sentences is predicted incorrectly. The GPT-iterator calculates perplexity scores of words in

combination so one incorrect word causes a cascading of errors.

P(wi,wsy, ..., wy) = P(w) P(wz|w:)...P(w;wy, wa, ..., w; — 1) (5.5)

Attention-GRU

Like [181], the neural network architecture used for word detection follows a Recurrent Neural
Network(RNN) Encoder-Decoder structure modelled according to neural machine translation
whereby for a given input sequence of visemes z, a sequence of words y(Eq. is outputted.
However, the RNN here is in the form of a GRU not an LSTM,; also, the input here takes the
form a sequence of individual visemes as opposed to clusters of visemes and so only requires 17

tokens given in Table [5.1] to be encoded.

y = argmax(ylx) (5.6)
An encoder-decoder framework(Figure takes an input sequence of vectors x = x1,...,1;

where x; corresponds to a vector, and inputs into a vector ¢ with hidden state h; at time ¢. The
vector c is generated from the sequence of hidden states while f and ¢ are non-linear variables.
Vectors h; and ¢ are given in Eqgs. and [5.8] [124]. For this network, the encoder and decoder
each consist of a GRU with 1024 nodes and a softmax layer with each possible word from the
two corpuses LRS2 and LRS3 encoded as as as class. Sequences of visemes are the sequence

inputs and they consist of 17 input tokens.
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hy = f (x4, hy1) (5.7)

C = q({hl,...,ht_l}) (58)

The decoder is trained to predict the next word y; in a sequence given the context vector ¢ and
all the previously predicted words y, ..., y;. The decoder defines a probability p(y) given in Eq.
over the prediction probability p(y) by considering the joint conditional probability of all
other previous words. A sentence predicted at time t follows with probability p(y;) follows the

expression given in Eq. where ¢ is a nonlinear and s, is a the hidden state of the GRU.

T
p(y) = T p(welyn. - - s 0) (5.9)
t=1
p(yt|y17"'7ytvc) :g(yt—bstac) (510)
Output
Context
or or ord 3 Word 4 <eos>
t t t t t
Attention
<s0s> Viseme 1 Viseme 2 Viseme 3 Viseme 4 <sos>  Word1l Word?2 Word3 Word 4
— — — _
~ ~
Encoder Decoder

Figure 5.3: Components of Attention-based GRU architecture

Sequences of visemes are inputted into the encoder, while teacher forcing is used to provide
the inputs for the decoder(as seen in Figure [5.3). During training, the ground truth for the
previous timesteps would be used as the decoder inputs, whereas for validation, the predicted

outputs of the previous timesteps provide the inputs to the decoder.
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The neural network architecture uses Bahdanau’s attention mechanism [124] for learning to
align and predict sequences. The mechanism consist of components which include an align-
ment score, attention weights and a context vector. The alignment score is a component for
learning the mapping relationship between different inputs and outputs. The network is trained
using identical hyper-parameters to the feed-forward neural networks and the same curriculum

learning strategy.

One obvious advantage of this architecture is that it allows the overall speech recognition
system to use fewer parameters (roughly 16 million parameters) in comparison to other lip
reading systems like the Transformer based network of Afouras et el. [105] used for decoding
sentences from the LRS2 which used roughly 100 million parameters. Moreover, the GPT-
absed iterator for the viseme-to-word converter uses the GPT to calculate perplexity for every
word combination made at each stage of the iterative procedure, meaning that the number of
times the model will have to be evaluated will increase exponentially with the number of words
contained in an uttered sentence. The iterator uses a beam search width of 50 so a minimum

of 507! perplexity iterations would need to be performed for a sentence with n words.

5.2.4 Data Noisification

Data noisification [210] is implemented for the purpose of evaluating how robust the viseme-
to-word classifier is to errancy in the inputted visemes by adding noise in the form of mis-
classification to the inputs. Noisification is implemented by adding small perturbations to the
input visemes and there are four different techniques being implemented. These four techniques

include random deletion, insertion, substitution and swapping [210].

Random Deletion [210]. is a technique where random visemes are deleted according to a prob-
abilistic metric «,4. The total number of visemes n,d that gets deleted for a sequence with n,

total visemes is equivalent product of «,4 and n, rounded to the nearest integer given in Eq.

B.ITl
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Nrd = OlpgTly (5.11)

Random Swapping [210] involves the swapping of random visemes implemented according to a
probabilistic metric «,, and the total number of visemes n,. The number of swap operations
n.s that takes place is governed by the outcome of Eq. [5.12] This is simply the product of
a,s and n, rounded to the nearest integer. The two visemes that get swapped are chosen by
generating two random numbers to determine the positions of those two respective visemes to

be swapped.

Nps = QlpgTly (5.12)

[ Distribution — r1.0
Probability Distribution Function
0.20 4

0.15 4
r0.6

Proportion
Normalised Cumulative Sum

] ,_‘ |
micins=11NN] HHWO

AA AH AO CH ER EY F IY K P T UH W
Viseme

Figure 5.4: Probability distribution for generating visemes.

Random Insertion [210] is a process where random visemes are inserted along parts of the
viseme sequences according to probabilistic metric «a,, and the number of visemes n,. Like
random swapping, the number of insertion operations to be performed is calculated using a
similar equation. The number of insertions n,i that occurs is governed by the outcome of Eq.

[5.13] which is the product of «; and n, rounded to the nearest integer.

Nypi = QpiTly (513)
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The choice of viseme that does get inserted for the random insertion operation is determined by
a random number operation, such that the identity of the viseme will be generated according
to a probability distribution matching the viseme distribution of BBC LRS2 training set. The
rationale behind this is that when visemes are misclassified, they are most likely to be classified
as any of the most frequently appearing visemes found in the training set. Figure shows

the cumulative probability distribution for visemes contained within the LRS2 training set.

The other technique called Random Substitution [210]. is where random positions along the
viseme sequence are chosen, and the viseme corresponding to that position gets substituted for
another viseme. The number of substitutions that takes place is set by Eq. where for n,
total visemes and a probabilistic metric ay, for substitution, a number of substitutions oper-
ations ng, take place. Like the random insertion operation, the new viseme being substituted
will be generated according to a probability distribution matching the viseme distribution of

BBC LRS2 training set.

Ngr = QlgpTly (5.14)

5.3 Experiment and Results

For the training and evaluation of the viseme-to-word converters mentioned in Section
excluding the GPT-based interator, BBC LRS2 sentence data described in has been used
with 80% of all sentences used for training(37666 samples) and 20% sentences being utilised for
testing(9416 samples). k-Fold cross validation has been used with a fold value for k=5 and for
each fold, a different set of 9416 samples were used. Viseme-to-word conversion has also been
performed for sentences from the LRS3 corpus with 26588 samples for training, 6477 samples

for testing and k=5 for k-Fold cross validation.

The metrics reported include CER, WER, SAR and the word accuracies(WAR). Performance

results for word prediction are given for the three situations:
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1. Correct Visemes,
2. Visemes classified as outputs of the viseme classifier reported in [159]; and

3. Perturbed Visemes with added noise to vary the errancy.

For Situation 1, the final performance results reported are averaged over each of the folds for the
k-fold cross validation. Because the standard deviations of the WAR were small in comparison
to the WAR values themselves, the decision was taken to only use models trained on Fold 1
for Situations 2 and 3. The rationale behind this decision was purely for ease of reporting and
because the priority was to test the robustness of the viseme-to-word converter itself. Therefore,

results were reported for that particular fold.

Situation 2 is significant because it is identical to substituting the viseme-to-word converter
used in |159] with the GRU-based converter proposed in this paper whilst using the same

viseme classifier for classifying visemes.

For the third situation, the accuracy of incident visemes is altered using the noisification process
described in Section where all probabilistic indicators are modified to vary the viseme
accuracy. The probabilistic indicators «a,q, o, a.s and ag,.; for deletion, insertion, swapping
and substitution respectively, are all set to the same value «,,,q and incremented to vary the
noise level on the visemes being inputted. Once the viseme-to-word detector has been trained,
the trained network is evaluated on different incident viseme accuracies ranging from 70% to

100% to examine its robustness to noise.

The GRU architecture, feed-forward network and HMM were trained for several epochs until
no improvement in either the training or validation losses were observed. It was at the point
that the validation loss stopped converging that the performance of the model was evaluated.
As well as modelling the GRU network’s performance under different levels of viseme noise, it

has also been compared with the performance of the GPT-based iterator.

Tables [5.2] and [5.3] lists the performance metrics of all four models for Situation 1 for the LRS2

and LRS3 corpuses when inputted visemes are known to be 100% correct. It it is noticeable
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that the performances of all four models when decoding sentences from the LRS3 set were not
as good as those for LRS2 and this can be explained by the fact that the LRS3 corpus consists
of longer sentences and a deviation between the predicted sentence and ground-truth is more

likely as the sentence lengths increase.

Table[5.4] gives the performance metrics of the four architectures for Situation 2 using the output
of the viseme classifier in [159](results reported in Chapter 4f), where VER ~ 4 % and it is
clear that the Attention-based GRU and GPT-based iterator are significantly more effective in
their conversion compares with the feed-forward network and HMM because they are able to

exploit larger context windows.

The Attention-based GRU outperforms the GPT-based iterator for Situation 1 where the iden-
tity of visemes is known with 100% accuracy. But even with the smallest noise added to the
viseme inputs, the difference between the performances of the two models diverge and the GRU
network is clearly more resilient to perturbations in the input viseme sequences. Tables and
both give samples of how some sentences are predicted by all four models along with time
elapsed for execution. Confusion matrices have been plotted in Figures[5.5, [5.10 .11 and [5.12]

for the GPT-based iterator, GRU network, Feed-forward network and HMM correspondingly.

Additionally, the resilience of the attention-based GRU to perturbations compared with the
GPT-transformer based iterator is further observed when more noise is added to the input
viseme sequences by analysing the performance results of Situation 3. The difference in char-

acter and word error rates recorded by both models grows even further apart with the increase

in errancy of visemes as shown in Table 5.5 and Figures[5.6/and [5.7(for LRS2) or Table[5.6|and
Figures [5.§ and [5.9(for LRS3).

The improvement in performance of predicting sentences with the GRU network especially
with perturbed inputs can be explained by two main factors. The first is that word matching
is done on an individual viseme level rather than being done on a cluster level like for the
perplexity-based iterator; so if there is a word with one viseme being decoded incorrectly, the
word it is contained with can still be identified correctly because the network is designed to

classify visemes in combination.
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This is not the case for GPT-based iterator which maps clusters to words, meaning that one
viseme being decoded incorrectly would cause the entire cluster to be matched to the wrong
words and an example of this can be seen with the sentence "for a brief time" being decoded as
"or a brief time" by the GPT-based iterator. The reason for this incorrect prediction is because
the first viseme "F" has been incorrectly decoded as "AQO", yet the attention-based GRU is able

to predict the spoken sentence correctly.

The second reason for there being a better resilience is that the GRU network is better at
modelling shorter groups of words [211]. It does not suffer from the problem posed in the
mapping of viseme clusters to words using the GPT-based iterator whereby compound errors
occur in the combination of words during the iterations and in which the sentence being decoded

is based on the conditional dependence of word combinations.

The GPT-iterator model uses the GPT to calculate perplexity scores of word combinations
matching to viseme clusters in an iterative manner starting from the beginning of the sentence
as opposed to being used for word prediction. If one viseme is misclassified, the input cluster
would then be wrong leading to not only incorrect word matches for that one cluster but would
also cause words further along the sequence to be incorrectly predicted because the words in
the rest of the sentence are all dependant on words that have previously predicted. Moreover
due to the curriculum learning strategy deployed for training the GRU network, it is better at

recognising shorter N-grams [169] [212] [213].

When looking at the differences in how some sentences were decoded by both systems, it is
clear to see that the system with the GRU network is less affected by compound errors in the
prediction, because when one word has been predicted incorrectly, it will be less likely that

other words in the outputted sentence would also be classified incorrectly too.

As well as the GRU network being more robust to noisy inputs than the GPT-based iterator,
it also more efficient and requires less overhead, which is why it takes significantly less time to
execute than the GPT-based iterator. The GPT-based iterator uses approximately 11 times the
number of parameters as the GRU network does and as seen in Table [5.7] it takes significantly

more time when decoding visemes.
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When comparing how the conversion of sequences of visemes to words for all four models for
some samples in Tables[5.7]and [5.8] it is noticeable that the accuracy of the two models utilising
unlimited context, namely the GPT-based Iterator and Attention-based GRU are significantly
more accurate in their conversions compared with both the Feed-Forward network and Hidden
Markov Model which utilise fixed context windows. For instance for the sequence of visemes
that corresponds to the sentence "for a brief time", the last viseme cluster corresponding to the
word "time" was actually predicted by both the Feed-Forward Network and Hidden Markov
Model as "type'. The words "time" and "type" are both homopheme words, yet they are both
semantically different and a longer context window is needed to be able to exploit semantic

information to predict the correct word.

Table 5.2: Performance of viseme-to-word converters for Situation 1 on the LRS2 dataset.

Converter Fold No. | CER(%) | WER(%) | SAR(%) | WAR(%)
GPT-based Iterator Fold 1 10.7 18.0 56.8 82.0
GPT-based Iterator Fold 2 11.4 19.5 55.1 80.5
GPT-based Iterator Fold 3 11.2 19.1 54.8 80.9
GPT-based Iterator Fold 4 12.0 20.3 54.2 79.7
GPT-based Iterator Fold 5 11.0 18.6 54.9 81.4
GPT-based Iterator Average | 11.3+0.5 | 19.1+0.9 | 55.2+1.0 | 80.9+0.9
Attention-based GRU Fold 1 6.2 8.8 74.9 91.2
Attention-based GRU Fold 2 6.9 9.7 74.2 90.3
Attention-based GRU Fold 3 7.5 10.6 73.4 89.4
Attention-based GRU Fold 4 7.4 10.4 73.4 89.6
Attention-based GRU Fold 5 7.1 10.2 73.8 89.8
Attention-based GRU | Average | 7.0+0.5 | 9.9+0.7 73.9+0.6 | 90.1+0.7
Feed-Forward Network Fold 1 31.7 42.7 9.4 57.3
Feed-Forward Network Fold 2 32.4 43.4 8.6 56.6
Feed-Forward Network Fold 3 33.0 44.1 7.8 55.9
Feed-Forward Network Fold 4 32.8 43.9 8.1 56.1
Feed-Forward Network Fold 5 32.6 43.5 8.1 56.5
Feed-Forward Network | Average | 32.5+0.5 | 43.5+0.5 | 8.4+0.6 | 56.5+0.5
Hidden Markov Model Fold 1 34.0 44.5 9.0 55.5
Hidden Markov Model Fold 2 35.3 46.2 7.8 53.8
Hidden Markov Model Fold 3 36.1 49.8 6.5 50.2
Hidden Markov Model Fold 4 35.8 48.0 8.0 52.0
Hidden Markov Model Fold 5 35.2 45.9 7.4 54.1
Hidden Markov Model | Average | 35.3+0.8 | 46.9+2.1 | 7.74+0.9 | 53.1+2.1
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Table 5.3: Performance of viseme-to-word converters for Situation 1 on the LRS3 dataset.

Converter Fold No. | CER(%) | WER(%) | SAR(%) | WAR(%)
GPT-based Iterator Fold 1 18.8 31.7 36.2 68.3
GPT-based Iterator Fold 2 19.7 32.5 34.8 67.5
GPT-based Iterator Fold 3 20.3 33.3 33.7 66.7
GPT-based Iterator Fold 4 194 32.2 35.3 67.8
GPT-based Iterator Fold 5 18.6 31.3 36.3 68.7
GPT-based Iterator Average | 19.4+0.7 | 32.2+0.8 | 35.3+1.1 | 67.8+0.8
Attention-based GRU Fold 1 10.2 15.0 59.2 85.0
Attention-based GRU Fold 2 10.5 15.4 59.0 84.6
Attention-based GRU Fold 3 11.2 16.1 58.2 83.9
Attention-based GRU Fold 4 10.9 15.8 58.2 84.2
Attention-based GRU Fold 5 11.5 16.8 57.6 83.2
Attention-based GRU | Average | 10.9+0.5 | 15.840.7 | 58.44+0.7 | 84.24+0.7
Feed-Forward Network Fold 1 38.5 49.9 7.1 50.1
Feed-Forward Network Fold 2 39.4 51.3 6.3 48.7
Feed-Forward Network Fold 3 41.1 52.1 5.4 47.9
Feed-Forward Network Fold 4 39.6 51.6 6.2 48.4
Feed-Forward Network Fold 5 39.3 51.3 6.3 48.7
Feed-Forward Network | Average | 39.6+0.9 | 51.2+0.8 | 6.3+0.6 | 48.8+0.8
Hidden Markov Model Fold 1 41.3 52.1 7.0 47.9
Hidden Markov Model Fold 2 42.5 54.2 6.1 45.8
Hidden Markov Model Fold 3 43.3 54.9 5.4 45.1
Hidden Markov Model Fold 4 42.6 54.4 5.8 45.6
Hidden Markov Model Fold 5 42.2 53.8 6.3 46.2
Hidden Markov Model | Average | 42.4+0.7 | 53.94+1.1 | 6.1+0.6 | 46.1£1.1

Table 5.4: Performance of viseme-to-word converters for Situation 2.

Viseme-to-Word Converter | CER(%) | WER(%) | SAR(%) | WAR(%)
GPT-based iterator 23.1 35.4 33.4 64.6
Attention-based GRU 14.0 20.4 49.8 79.6
Feed-Forward Network 67.2 78.7 2.9 21.3
Hidden Markov Model 71.4 81.7 2.8 18.3
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Table 5.5: Performance of viseme-to-word converters under varying noise levels on the LRS2
dataset.

Cmod | VER(%) Attention-based GRU | GPT-based iterator
mo CER(%) | WER(%) | CER(%) | WER(%)
0 0.0 5.8 8.6 10.7 18.0
5 3.1 12.9 18.4 21.2 35.7
6 3.7 14.8 20.9 21.9 37.0
7 4.4 17.1 24.1 22.3 37.5
8 5.3 18.8 26.5 26.3 44.3
10 7.3 24.9 33.7 32.5 54.8
15 11.1 31.7 43.0 40.4 68.1
20 16.2 40.9 54.4 43.5 73.4
25 20.3 48.2 63.0 59.2 100.0
30 23.9 53.4 68.4 67.5 113.9
35 27.7 57.2 74.5 72.7 122.7

Table 5.6: Performance of viseme-to-word converters under varying noise levels on the LRS3
dataset.

moa | VER(%) Attention-based GRU | GPT-based iterator
mo CER(%) | WER(%) | CER(%) | WER(%)
0 0.0 10.2 15.0 18.8 31.7
5 2.8 22.5 31.5 35.5 62.4
6 3.5 25.0 35.8 37.6 64.6
7 4.5 29.8 41.7 38.0 63.2
8 5.2 32.8 45.8 45.6 77.1
10 7.6 41.5 56.8 56.9 93.7
15 11.0 53.6 72.1 70.6 118.2
20 16.5 70.8 90.7 76.1 127.3
25 20.1 80.8 108.3 102.0 169.8
30 23.9 92.9 117.1 116.4 199.8
35 27.5 99.3 127.9 125.7 205.5
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5.3. Experiment and Results
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5.4 Summary

A viseme-to-word conversion model has been proposed that is robust, quick to execute and
effective at discriminating between words that share identical visemes. Its performance has
been compared with three other conversion model approaches. The model has been proven to
be effective at disambiguating between words that are semantically and syntactically different
as well as being able to model long and short term dependencies to make it robust to incorrectly
classified visemes. The converter’s robustness has been verified on the LRS2 and LRS3 corpuses;
and when implemented in a neural network-based architecture for lip reading sentences from
the LRS2 dataset, a 79.6% word accuracy rate is recorded - an improvement of 15.0% from the

previous-state of art.

Future research includes improving the robustness of viseme-to-word conversion further by
using techniques like augmentation in the training phase. Moreover, there are other types of
networks that could be used to enhance the overall word accuracy further such as bidirectional
RNNs as these can exploit right-to-left context, in addition to left-to-right context for word
prediction. There is also merit in considering the use of either Attention-Transformers or
Temporal Convolutional networks as conversion models because they can process inputs in

parallels as opposed to RNNs which process inputs sequentially.

It would also be ideal if it were possible to exploit knowledge regarding words that either consist
or do not consist of unique visemes sequences as has been done for the case of viseme-to-word

conversion when the identity of the inputted visemes are known with absolute precision.



Chapter 6

Conclusions and Future Work

6.1 Conclusion of Thesis Achievements

Automated Lip Reading is a broad field with many components and branches, and it is a
domain that has seen lots of interest and progress in recent years. The work documented in
the thesis contributes towards the different classification schema that can be used in visual
speech recognition by developing an machined-based lip reading system that predicts sentences
in continuous speech by classifying visemes. The trends in automated lip-reading and work
reported in this have helped to opened up a whole a new line of research and entirely new way

of doing lip-reading has been explored.

A neural network-based lip reading system has been developed to predict sentences covering
a wide range of vocabulary in silent videos from people speaking. The system is lexicon-free,
uses only visual cues represented by visemes of a limited number of distinct lip movements,
and is robust to different levels of lighting. The system was verified on the BBC LRS2 data
set(an initial word accuracy rate of 64.6% had been been achieved which was further improved
to 80%). The system has demonstrated a significant improvement on classification accuracy of

words compared to the state-of-the-art works.

The proposed lip-reading system is not only effective decoding visemes in continuous speech
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but it uses a language model that is effective discriminating between words that share identical
visemes and is been proven to be theoretically effective as disambiguating between words that
are semantically and syntactically different as well as being able to model long and short
term dependencies to make it robust to incorrectly classified visemes. The viseme-to-word
converter is not only effective at distinguishing between homopheme words and relatively robust

to misclassified visemes, but it also quick to execute.

Chapter [2[reviewed all of the different components that make up automated lip-reading systems
including visemes and phonemes, performance metrics, audio-visual databases, pre-processing
feature extraction and classification networks and classification. Lip-reading systems have
evolved significantly because of both the advances of neural networks in performing feature
extraction and classification and because of the emergence of large-scale databases which means

that there is the possibility to cover vocabularies with thousands of different words.

Chapter 3| started off with a summary of all of the trends in the evolution in automated
lip-reading systems based on analysis of Chapter [2] Lip-reading systems have attained very
good accuracies for predicting words with each words but the achievement of good accuracies
when prediction entire sentences covering thousands of words has been more a challenge. The
majority of lip-reading systems that are tasked to predict sentences use ASCII characters as a
classification schema and this indicate a gap in lip-reading research that there are alternative
schema to be considered including visemes. In the discussion about classification schema,
one of the advantages of using visemes is fewer classes can be used compared with words,
phonemes or ASCII character and viseme-based lip-reading system can also be lexicon-free
and be generalised to be implemented on people speaking in different languages. There is
even merit to decoding speech in two stages with a language model being used in the second
stage regardless of the intermediate class in that the grammatical correctness of the predicted
sentence can be enhanced. Language models for performing the viseme-to-word require context
in being effective when predicting words and they must also be robust to the possibility of

incorrectly classified visemes.

Chapter [] proposed a lip-reading system that is lexicon-free, uses only visual cues represented
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by visemes of a limited number of distinct lip movements, and is robust to different levels
of lighting. Verified on the BBC LRS2 data set, the system has demonstrated a significant
improvement on classification accuracy of words compared to the state-of-the-art works. The
question of "Can a good classification performance of individual visemes be attained" was ad-
dressed for visemes in continuous speech from both frontal and profile viewpoints and where
temporal alignments also needed to be performed as viseme boundaries were unknown. The
viseme-to-word conversion model performed to near-perfect accuracy for words that have a
unique set of visemes which was in theory to be expect; but for homopheme words, the con-
version model was shown to be relatively effective at disambiguating between words that share
identical visemes. The proposed lip-reading system was also demonstrated to have good gen-
eralisation capabilities when retrained on samples of data from the LRS2 data set whereby the

ratio of testing to training samples was increased.

Chapter [5| proposed a viseme-to-word conversion model to address the question of "Can a
language model be implemented that is robust to confused visemes?". Chapter [5| builds on the
work reported in Chapter 4] by acknowledging the possibility of incorrectly classified visemes.
The classification performance of the system in predicting sentences from videos from the
benchmark BBC-LRS2 is constrained by the viseme-to-word conversion bottleneck with its
sensitivity to incorrectly classified visemes. A 95% viseme classification accuracy only yields
a 65% word classification accuracy though Chapter [5 proposes a conversion approach that is

both more efficient in its conversion and more robust to the possibility of confused visemes.

The proposed model was an Attention-based GRU model shown to be effective a discriminating
between words that share visemes compared with other possible approaches such as Hidden
Markov Models and Feed-Forward Neural Networks due to its ability to exploit a larger context
window in utilising syntactic and semantic information to distinguish between words. The
Attention-based GRU model outperformed the model used in Chapter [4] in that is was shown
to be more robust to incorrectly classified visemes. The conversion model in Chapter [5]is more
effective a predicting spoken words correctly given that the recognised visemes may have been
incorrectly classified and it is less vulnerable to the possibility that other words in the outputted

sentence will have been predicted incorrectly given that previous words were misclassified.



140 Chapter 6. Conclusions and Future Work

The work reported in this thesis has addressed each one of the research questions posed as

follows:

(Q1): What are the benefits of using visemes to lip-read?

o Visemes are the most fundamental units of visual speech and visual speech recogni-
tion is a task of significant importance when audio is unavailable or when there is

noise.

o There are benefits to using visemes as classes for visual speech recognition including
the opportunity to use fewer classes, the possibility of predicting words by classify-
ing image-based classes without lexicons and the possibility to predict speech from

people speaking in different languages.
(Q2): Can a lip-reading system accommodate for classification of visemes?
e The proposed lip-reading system consists of two components to classify speech in

two stages.

e The first component classifies visemes, then the second component which is a viseme-
to-word converter uses a trained language model to convert classified visemes to

words.

(Q3): Can a good classification performance of individual visemes be attained?

e The viseme classifier that forms part of the lip-reading system proposed, performs

classification for individual visemes in continuous speech to very good accuracy.
o It has shown to be robust to lighting variations as well as having a good generalisation
capability.

(Q4): What are the different language models available?

o Different language models were explored and they can be grouped into three main
categories: statistical language models, neural language models with fixed-context

windows and neural language models with unlimited context.
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o Neural language models with unlimited context are the most effective language mod-
els that can be used for viseme-to-word conversion because the exploitation of as
much as context as possible is necessary to disambiguate between words sharing

visemes.
(Q5): Can a language model be implemented that is effective at converting visemes to words?
o The language model proposed in the final chapter of this thesis performs viseme-to-
word conversion with very good word classification performance.
o It is not only effective in its conversion of visemes to words for words that have a
unique set of visemes but also for homopheme words too.

(Q6): Can a language model be implemented that is robust to confused visemes?

o The language model used of part of the proposed lip-reading system has been demon-
strated to be somewhat robust to misclassified visemes as indicated by its the per-

formance of its response to visemes of varying accuracies.

(Q7): Can a good overall performance be attained for word classification when predicting sen-

tences?

o The overall word classification accuracy attained on the benchmark LRS2 corpus is

superior to a previous state-of-the-art.

6.2 Future Work

Further work can be done to build on the lip reading system discussed in this thesis and a lip-
reading system that uses solely visual cues and is lexicon-free would be convenient for speech

decoding in real time.

The lip reading system is lexicon-free but the samples that were used did not consist of test
words that were note present among the training samples. One limitation of lip reading system

that use words or ASCII characters as a classification schema is their inability to predict words
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that the system has not observed in training. A viseme-based lip reading system in theory could
predict words that the lip-reading system did not encounter in the training phase by simply
matching clusters of visemes to potential words, however, the system’s ability and precision in

accurately decoding such words has not been verified.

Because many language share identical visemes, there is a multitude of further work that can
be done in using a viseme-based lip reading system which can be implemented to decoded
people uttering words and sentences in other languages. A further feature for viseme-to-word
conversion could be to have one lip reading system that could be applied to people speaking in

more than one language.

The question over which intermediate classification schema is the best to use is itself an area
that could involve more inquiry because even a lip-reading system that uses ASCII characters
as an intermediate class can benefit from the use of language model so an ablation study could

be conducted to compare visemes, phonemes and ASCII characters.

In addition to comparing classification scheme, there is also the possibility of developing a
speech recognition system that combines visemes, phonemes and ASCII characters enhance

through ensemble modelling to enhance the performance accuracy of a lip-reading system.

Finally, another trend that is being seen in automated lip reading is the emergence of end-to-
end system where visual feature extraction can be applied with the need to physically located
the region-of-interest because at present, the lip reading system proposed in the thesis requires

to region-of-interest to be at the centre of every image frame within the video.
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